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CHAPTER  1 


INTRODUCTION 

This  work  describes  a  set  of  digital  signal  processing 
techniques  and  associated  hardware  that  were  developed  at 
the  Cooley  Electronics  Laboratory  (CEL)  of  The  University  of 
Michigan  for  use  in  measuring  the  multipath  structure  of 
acoustic  propagation  channels  in  the  ocean.  The  design  and 
construction  of  this  hardware,  its  programming  and  its  use 
to  measure  multipaths  were  done  as  part  of  CEL's  support  of 
the  1981  Ocean  Acoustic  Tomography  Demonstration  Experiment 
[1]. 

The  1981  Tomography  experiment  was  a  joint  effort 
between  the  Institute  of  Geophysical  and  Planetary  Physics 
of  the  Scripps  Institute  of  Oceanography,  Woods  Hole 
Oceanographic  Institution,  the  Department  of  Earth  and 
Planetary  Sciences  of  the  Massachusetts  Institute  of 
Technology,  the  Cooley  Electronics  Laboratory  of  The 
University  of  Michigan  and  the  Atlantic  Oceanic  and 
Meteorological  Laboratory  of  the  National  Oceanographic  and 
Atmospheric  Administration  (NOAA) .  The  Office  of  Naval 
Research,  the  National  Science  Foundation  and  NOAA  supported 
this  experiment. 

The  purpose  of  the  Tomography  experiment  was  to  use 
acoustic  probe  signals  to  determine  the  thermal  structure  of 
a  volume  of  the  ocean  which,  at  the  surface,  corresponded  to 
a  square  300  km  per  side.  This  region  was  monitored  over  a 
period  of  9  months  and  changes  were  observed  and  tracked. 
To  do  this,  four  self-contained  acoustic  sources  were 
located  along  one  side  of  the  square  and  transmitted  carrier 
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borne  signals  which  were  modulated  using  a  binary  pulse 
compression  code.  Located  at  strategic  points  within  and  on 
the  borders  of  the  square  were  a  number  of  self-contained 
receivers.  The  role  played  by  CEL  was  the  monitoring  of  the 
transmissions  at  three  distant  shore  sites.  This  was  done 
in  order  to  insure  that  the  transmitters  were  operating 
properly  and  to  acquire  long  baseline  data  with  which  to 
help  evaluate  the  feasibility  of  doing  Tomograpny  over 
distances  longer  than  those  provided  by  the  300  km  square. 

The  available  shore  sites  were  located  some  distance 
from  the  Tomography  square.  Because  of  this,  it  was 
expected  that  the  transmissions  would  experience  significant 
spreading  loss  and  attenuation.  The  wavefront  at  a 
receiving  site  is  nominally  a  plane  wave.  If  this  wavefront 
impinges  on  a  collection  of  hydrophones  it  produces  outputs 
which  differ  only  by  the  time  shifts  due  to  the  time  it 
takes  the  plane  wave  to  propagate  between  phones.  By 
properly  delaying  the  individual  outputs  and  summing  the 
delayed  versions  together  the  result  is  an  increased 
sensitivity  in  the  direction  of  the  signal  wavefront  at  the 
expense  of  wavefronts  arriving  from  other  directions.  This 
process  is  called  beam  forming  [2],  Since  there  were 
multiple  hydrophones  available  at  the  sites  that  CEL  was 
going  to  use  there  was  the  possibility  of  combining  their 
outputs  in  order  to  enhance  the  reception. 

Part  of  CEL's  support  effort  consisted  of  the  design 
and  construction  of  four  portable  data  acquistion  and 
processing  systems.  The  two  main  components  were  a  time 
delay  beamformer  and  a  microprocessor  based  data  manager 
(which  was  named  the  DM1200).  This  dissertation  presents 
the  theoretical  bases  on  which  design  decisions  were  made, 
describes  the  process  of  beam  forming  and  discusses  the  use 
of  pulse  compression  waveforms.  It  also  documents  the 
operation  of  the  resulting  hardware  and  describes  how  to 
program  it  for  use  in  making  multipath  measurements. 


3 


1 . 1  Background 

The  speed  of  sound  in  the  ocean  depends  primarily  on 
temperature,  pressure  and  salinity.  These  three  influences 
combine  to  yield  a  sound  speed  variation  as  a  function  of 
depth  in  deep  water  as  illustrated  in  Fig.  1.1. 


Sound  Speed  (meters/second) 
1480  1500  1520  1540 


Fig.  1.1.  Typical  deep  water  sound  speed  profile 

Near  the  surface  there  is  a  region  that  extends  to 
about  100  meters  which  is  strongly  influenced  by  daily  and 
seasonal  weather.  Below  this  surface  region  the  effects  of 
decreasing  temperature  and  increasing  pressure  combine  to 
cause  the  sound  speed  to  decrease  as  depth  is  increased. 
Temperature  changes  below  depths  of  about  1200  meters  are 
small,  the  effects  of  pressure  dominate  causing  the  sound 
speed  to  increase  with  increasing  depth.  The  location  of 
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the  sound  speed  minimum  is  called  the  sound  channel  axis. 
In  the  ocean  a  wavefront  originating  from  a  non-di rect ional 
source  nominally  starts  out  spherical  in  shape.  As  it  moves 
away  from  the  source,  portions  of  the  wavefront  begin  to 
propagate  at  different  velocities.  The  direction  of 
propagation  of  any  given  point  on  the  wavefront  bends  in  the 
direction  of  lower  sound  speed.  Eventually  the  wavefront 
tears  apart  and  becomes  a  collection  of  non-connected 
patches.  The  concept  of  the  ray  can  be  borrowed  from 
geometrical  optics  in  order  to  aid  in  keeping  track  of  how 
these  patches  propagate. 

A  ray  is  the  path  followed  by  a  vector  normal  to  the 
wavefront  as  the  wavefront  propagates.  The  movement  of 
individual  patches  of  the  original  wavefront  can  be  kept 
track  of  using  rays  positioned  at  the  center  of  each  patch. 

Given  a  sound  source  and  a  receiver  located  some 
distance  away  only  some  of  these  patches  arrive  at  or  in  the 
vicinity  of  the  receiver.  Because  these  patches  travel  over 
different  paths  thru  regions  of  varying  sound  speed  their 
arrival  times  are  also  different.  For  a  source  and  receiver 
both  located  on  the  sound  axis  the  difference  between 
arrival  times  for  the  earliest  arrival  and  the  latest 
arrival  is  on  the  order  of  4.5  seconds  per  megameter  of 
separation  [3].  Figure  1.2  shows  three  possible  paths 
between  a  transmitter  and  receiver  located  on  the  sound 
axis.  Although  the  axial  ray  propagates  over  the  shortest 
distance  it  moves  thru  water  with  the  lowest  value  of  sound 
speed  and  thus  arrives  last. 

By  combining  multipath  measurements  with  model 
predictions,  it  is  possible  to  identify  specific  arrivals 
and  measure  their  stability  [4].  Arrival  time  perturbations 
associated  with  a  given  path  are  due  to  travel  time 
variations  along  that  path.  Using  the  arrival  time 
fluctuations,  it  is  possible  to  localize  perturbations  in 
the  sound  speed  profile  [5].  Since  most  sound  speed 
variations  take  place  near  the  surface  and  are  due  to 
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changes  in  temperature  the  measured  sound  speed  variations 
can  be  related  back  to  temperature  differences.  The  Ocean 
Acoustic  Tomography  Demonstration  Experiment  of  1981  [1] 
demonstrated  the  feasibility  of  using  acoustic  multipath 
measurements  to  monitor  changes  in  the  thermal  structure  of 
the  ocean.  It  may  even  be  possible  to  make  long  term  mea¬ 
surements  over  a  large  area  in  order  to  determine  if  there 
is  a  general  long  term  heating  or  cooling  of  the  ocean  [6]. 

If  the  ocean  were  noise  free  it  would  be  possible  to 
measure  the  multipath  arrival  structure  by  transmitting  a 
single  short  acoustic  pulse  and  recording  the  reception. 
Similarly,  if  there  were  no  restrictions  on  how  much  power  a 
transmitter  could  put  into  the  water,  a  pulse  strong  enough 
to  overcome  the  background  noise,  spreading  loss  and 
absorption  loss  could  be  transmitted.  However,  because 
there  is  noise  in  the  ocean  and  transducers  are  power 
limited,  it  is  not  generally  possible  to  use  isolated  pulses 
over  ranges  greater  than  a  few  tens  of  kilometers.  The 
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basic  problem  is  one  of  having  too  low  a  signal  level  at  the 
receiver  to  be  useful. 

If  the  isolated  pulse  is  replaced  by  a  periodic  pulse 
and  if  time  synchronization  is  maintained  between  the 
receiver  and  the  transmitter  then  the  signal-to-noise  ratio 
can  be  built  up  by  averaging  together  the  arrivals  due  to 
several  periods.  The  signal-to-noise  ratio  increases 
directly  with  the  number  of  periods  included  in  the  average. 
The  separation  between  pulses  should  be  greater  than  the 
expected  multipath  spread.  The  limiting  factor  on  the 
number  of  periods  that  can  be  safely  averaged  is  the  ability 
of  the  ocean  to  support  coherent  receptions  over  a  period  of 
time.  How  long  the  ocean  remains  coherent  is  a  matter  of 
some  controversy  and  measurements  are  still  being  made. 

The  amount  of  energy  per  period  can  be  increased  thru 
the  use  of  a  pulse  compression  code  which  is  active  during 
the  entire  period  and  which  can  be  processed  to  give  the 
same  response  as  a  periodic  pulse  [7]  ,[8].  Because  the 
pulse  compression  code  allows  almost  all  of  the  signal 
energy  to  be  collapsed  back  into  a  single  pulse  width,  the 
result  is  an  increase  in  the  effective  pulse  amplitude.  For 
a  given  required  signal-to-noise  ratio,  fewer  periods  need 
to  be  summed.  The  cost  of  using  a  pulse  compression  code  is 
an  increase  in  the  complexity  of  the  transmitter  and 
receiver.  Of  the  two,  the  receiver  processing  is 
complicated  the  most  but  not  unmanageably  so. 

Further  enhancement  of  the  reception  can  be  had  if  more 
than  one  hydrophone  is  available  for  use.  By  properly 
combining  the  outputs  of  several  hydrophones  it  is  possible 
to  spatially  filter  the  noise  field.  The  process  of  doing 
this  is  termed  beam  forming  and  the  associated  hardware  is 
called  a  beamformer. 

Fig.  1.3  is  a  plot  of  a  multipath  structure  monitored 
over  a  2  1/2  hour  period  in  January  1983.  This  is  the 
starting  segment  of  a  measurement  that  extended  over  an  86 
hour  period  and  shows  the  start  of  transmission.  The 
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Fig.  1.3 


Multipath  structure  observed  over  a 
2  1/2  hour  period  in  January  1983 
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received  waveform  was  propagated  over  a  distance  of  several 
hundred  kilometers.  The  arrival  structure  consists  of  four 
main  paths  and  several  low  level  paths.  The  variability  of 
the  amplitudes  of  the  main  arrivals  suggest  that  they  may  be 
due  to  closely  spaced  unresolved  paths.  The  data  for  this 
plot  was  acquired  using  the  equipment  and  techniques 
described  in  the  following  chapters.  The  plot  was  generated 
using  the  PERSYS  plot  program  [9], 

1 . 2  Overview 


Chapter  2  deals  with  the  processes  of  waveform  sampling 
and  reconstruction.  Because  the  CEL  beamformer  is  designed 
for  simultaneous  use  with  receptions  at  differing  non- 
related  carrier  frequencies  it  is  not  possible  to  lock  the 
sampling  rate  to  the  carrier  of  any  particular  reception. 
However,  the  signal  processing  steps  applied  to  a  particular 
reception  are  generally  locked  to  that  reception's  carrier 
frequency.  This  makes  it  necessary  to  convert  sample  rates 
at  some  point  in  the  processing.  This  is  a  common  problem 
in  general  purpose  digital  signal  processing  systems  and 
studies  concerning  sample  rate  conversion  have  appeared  in 
the  literature  [10],[11].  In  these  studies  the  process  of 
sample  rate  decrease  by  an  integer  factor  of  N  is  handled  by 
first  digital  filtering  to  limit  the  waveform  bandwidth  and 
then  taking  every  N-th  filter  output.  The  process  of  sample 
rate  increase  by  a  factor  of  M  is  handled  by  inserting  M- 1 
zeros  between  the  original  sample  values  and  then  digital 
filtering.  Sample  rate  conversion  by  a  factor  of  M/N  is 
then  a  combination  of  the  two  methods.  This  approach  to 
sample  rate  conversion  is  well  suited  for  use  in  a 
minicomputer.  A  hardware  implementation  would  be  a 
relatively  large  project  in  its  own  right. 

The  simplest  approach  to  sample  rate  conversion  is  to 
use  the  most  recent  sample  acquired  at  the  old  rate  whenever 
a  sample  is  required  at  the  new  rate.  If  the  original 
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sample  rate  is  sufficiently  fast,  there  is  the  feeling  that 
not  too  much  damage  is  done.  In  Chapter  2  the  resampling 
processes  is  modeled  as  one  of  waveform  reconstruction 
followed  by  a  new  sampling.  The  method  used  to  interpolate 
sample  values  defines  a  waveform  reconstruction  function. 
This  function  serves  to  attenuate  the  high  frequency 
spectral  replications  present  in  the  sampled  waveform  prior 
to  reconstruction.  The  sampling  at  the  new  rate  then 
aliases  these  attenuated  replications.  The  amount  of  error 
introduced  by  these  aliases  depends  on  their  magnitudes 
(controlled  by  the  interpolation  rule)  and  their  locations 
(determined  by  the  two  sample  rates).  Procedures  for 
determining  both  of  these  parameters  are  given.  Emphasis  is 
placed  on  the  zero  order  hold  which  models  the  process  of 
taking  the  most  recent  sample.  This  approach  to  studying 
the  process  of  resampling  appears  to  be  original. 

Chapter  3  reviews  the  process  of  complex  demodulation 
as  a  method  of  shifting  a  carrier  based  waveform  to  baseband 
while  preserving  phase  information.  The  use  of  the  complex 
exponential  exp{-j2irt}  to  accomplish  this  is  a  classical 
textbook  technique.  Borrowing  a  waveform  synthesis  method 
used  in  frequency  synthesizers  [12]  to  generate  sample 
values  of  the  complex  exponential,  a  digital  complex 
demodulator  is  described  and  analyses  of  the  effects  of  time 
and  amplitude  quantization  are  made. 

Less  general  methods  of  complex  demodulation,  requiring 
less  sophisticated  hardware,  are  the  use  of  complex  valued 
square  waves  and  "4fQ"  or  quadrature  sampling  which  are  also 
described  in  Chapter  4.  The  first  use  of  square  waves  in  a 
complex  demodulator  was  made  by  T.  G.  Birdsall  in  the  early 
1960's  [13].  When  signal  processing  moved  onto  the  computer 
this  method  was  replaced  by  the  so-called  4fg  method  of 
demodulation  by  direct  sampling  [13].  Later  workers  also 
published  on  this  technique  [14], [15]. 

Chapter  4  describes  the  basic  properties  of  linear 
maximal  sequences  relevant  to  their  use  as  the  pulse 
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compression  signals  in  making  multipath  measurements.  Once 
the  received  waveform  has  been  demodulated  and  perhaps  had 
several  periods  averaged  together  it  is  necessary  to  remove 
the  effects  of  the  sequence  induced  time  spreading.  This 
can  be  done  in  a  number  of  ways.  Several  of  these  are 
outlined  and  their  equivalence  established.  Formulas  for 
the  required  carrier  correction  factors  are  developed. 
Equations  are  also  presented  which  allow  the  signal-to-noise 
ratio  in  the  processed  reception  to  be  related  to  that  of 
the  original  reception. 

The  history  of  linear  maximal  sequences  is  long  and 
varied.  Much  of  the  early  research  was  done  at  CEL  [16]  and 
the  use  of  linear  maximal  sequences  has  become  a  part  of  the 
local  heritage.  Other  sources  of  information  about  these 
sequences  can  be  found  in  [  1  7 ] , [ 1 8 ] , [  1  9 ] .  Linear  maximal 
sequences  appear  to  have  first  been  used  by  Stewart  and 
Allen  [7]  in  studying  propagation  in  the  ocean.  These 
waveforms  were  used  in  the  first  propagation  tests 
undertaken  by  CEL  in  1963  [13]  and  have  been  used  in  almost 
every  propagation  study  that  CEL  has  been  involved  in  since 
then.  A  number  of  special  purpose  signal  generators  have 
been  designed  and  built  at  CEL  for  use  in  these  experiments 
[ 20  ] ,  [ 2  1  ]  ,  [ 22  ] .  Other  researchers  have  also  made  use  of  the 
technique  [23], [24]. 

Beam  forming,  the  subject  of  Chapter  5,  is  a  spatial 
filtering  technique  where  the  outputs  of  several  hydrophones 
are  combined  in  order  to  discriminate  against  noise  arriving 
from  directions  other  than  the  direction  of  the  desired 
signal.  Several  methods  of  implementation  are  possible. 
The  most  traditional  method  uses  time  delays  to  cause  the 
receptions  from  several  hydrophones  to  be  brought  into  phase 
with  each  other.  In  a  continuous  time  system  the  output  of 
a  time  delay  beamformer  is  independent  of  frequency  for 
arrivals  from  the  steered  direction.  Quantizing  the  delay 
times  affects  the  spatial  sensitivity  pattern  [25]  and  the 
beamformer  frequency  response.  The  spatial  effects  of 


quantization  show  up  as  increased  sensitivity  (side  lobes) 
in  directions  other  than  the  one  of  interest.  These  effects 
are  generally  small  and  only  of  concern  in  a  finely  tuned 
system.  The  CEL  beamformer  is  intended  for  use  with 
hydrophones  of  opportunity.  It  is  unlikely  that  the 
hydrophone  spacings  are  proper  for  the  frequencies  used; 
the  result  of  which  can  be  the  appearance  of  very  large  side 
lobes . 

Because  the  CEL  beamformer  is  to  be  used  with  broad 
band  signals  the  effects  of  delay  time  quantization  on  the 
beamformer  frequency  response  is  of  concern.  This  does  not 
seem  to  have  received  consideration  in  the  literature.  It 
is  shown  that  the  effects  of  these  quantization  errors  can 
be  modeled  as  a  low-pass  filtering  operation.  Once  a 
maximum  allowable  amount  of  distortion  over  a  frequency  band 
has  been  settled  on  the  maximum  time  delay  step  size  can  be 
determined . 

Time  delay  beam  forming  can  also  be  implemented  by 
delaying  the  demodulated  hydrophone  outputs.  In  the  case  of 
narrow-band  receptions  the  required  delays  can  be 
approximated  using  phase  shifts.  Both  of  the  above  methods 
are  also  described. 

Chapter  6  contains  a  description  of  the  hardware 
designed  and  built  at  CEL  for  use  in  the  1981  Tomography 
experiment.  Work  on  this  equipment  started  in  late  fall  of 
1979  and  extended  into  the  spring  of  1981.  Four  systems 
were  built  each  consisting  of  a  signal  processing  unit  and  a 
beamformer.  Three  of  these  systems  were  in  field  use  from 
March  1981  to  October  1981.  The  fourth  system  was  not 
placed  in  the  field  because  of  problems  at  the  intended 
site.  Two  of  the  processors  were  re-configured  in  the 
summer  of  1982  with  a  9-track  magnetic  tape  system  and  a 
cartridge  tape  system  being  added.  This  equipment  was  used 
in  October  of  1982  and  January  of  1983  to  acquire  data  for 
use  in  studying  the  problems  associated  with  transmitting 
data  from  a  self-contained  remote  transmitter/receiver  to  a 
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shore  site.  Additional  data  will  be  taken  in  the  fall  of 
1983.  If  funding  is  available,  one  of  the  beam  forming 
systems  will  be  used  to  investigate  the  feasibilty  of  using 
multipath  arrival  time  variations  over  long  distances  to 
infer  the  mean  ocean  termperature . 

Basic  to  both  the  signal  processor  unit  and  the 
beamformer  is  a  set  of  digital  logic  boards  built  around  the 
Intersil/Harris  IM6100  microcomputer.  The  IM6100  is  an 
integrated  circuit  version  of  the  Digital  Equipment 
Corporation  PDP-8/e  minicomputer.  This  minicomputer  has  a 
12  bit  word  size  and  can  address  up  to  32K  words  of  memory. 
The  main  difference  between  the  IM6100  and  the  PDP-8/e  is 
that  the  IM6100  runs  about  one-third  as  fast.  Harris  Inc. 
recently  started  selling  a  version  that  is  twice  as  fast  as 
the  original  IM6100.  Although  the  Harris  unit  supports  a 
slightly  different  bus  structure  it  should  be  possible  to 
adapt  this  device  for  use  in  the  CEL  systems. 

The  IM6100  was  chosen  because  of  its  compatibility  with 
CEL's  exisiting  computer  systems  which  include  a  LINC-8,  two 
PDP-8/e's  and  a  Fabri-Tek  MP12.  Over  the  years  since  the 
first  LINC-8  arrived  at  CEL  in  May  1967,  a  significant 
amount  of  software  had  been  developed  which  could  be 
transferred  onto  the  microcomputer.  This  includes  a  program 
development  system  written  by  the  author  as  well  as  signal 
processing  programs. 

The  first  part  of  Chapter  6  describes  the  processor 
board  set  and  the  special  devices  and  interfaces  that  were 
included  in  the  processing  unit.  The  second  part  of  Chapter 
6  describes  the  beamformer  unit  and  the  special  interfaces 
specific  to  it. 

Chapter  7  describes  the  signal  processing  and  software 
techniques  which  have  been  developed  at  CEL  for  processing 
multipath  receptions.  The  methods  described  have  evolved 
over  a  period  of  many  years.  The  signal  processing 
techniques  are  largely  due  to  T.  G.  Birdsall  and  the 
programming  procedures  are  largely  due  to  the  author. 


CHAPTER  2 


SAMPLING,  RECONSTRUCTION  AND  RESAMPLING 

Having  sampled  a  waveform  at  some  given  rate  it  is 
often  necessary  to  generate  a  new  set  of  samples  which 
correspond  to  a  different  sample  rate.  When  the  new  rate  is 
lower  than  the  original  rate  the  resampling  is  termed 
decimation.  When  the  new  rate  is  higher,  the  process  is 
termed  interpolation  [11].  The  process  of  resampling  is 
important  in  systems  such  as  the  beamformer  described  in 
Chapter  6  where  it  is  necessary  to  operate  portions  of  the 
system  at  different  data  rates. 
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Fig.  2.1.  Model  for  sampling,  reconstruction  and 
resampling 

The  process  of  sampling,  processing  and  resampling  can 
be  modeled  as  shown  in  Fig.  2.1.  A  continuous  waveform  s(t) 
is  sampled  at  a  uniform  rate  f  .  The  samples  are  processed 
in  some  manner.  The  processed  sample  values  are  then  used 
in  conjunction  with  some  waveform  reconstruction  algorithm 
to  define  a  new  continuous  waveform  s  (t).  The 

reconstructed  waveform  is  then  resampled  at  the  new  rate  f^. 

The  initial  sampling  causes  a  periodic  replication  of 
the  spectrum  of  s(t)  to  take  place.  The  replicas  are 


separated  by 


and  add  together 


If  attention  is 
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restricted  to  the  fundamental  frequency  band  -f  /2  to  +  fa/2 
it  appears  as  if  the  entire  spectrum  of  s(t)  has  been  in 
some  way  collapsed  into  this  band.  The  addition  of  energy 
from  outside  of  this  band  to  the  energy  present  in  the  band 
prior  to  sampling  is  termed  aliasing  and  represents  the 
primary  source  of  distortion  caused  by  sampling.  The  amount 
of  aliasing  can  be  controlled  by  shaping  the  bandwidth  of 
s(t)  and  by  using  a  high  sample  rate  relative  to  the 
bandwidth.  In  order  to  change  data  rates  some  procedure  or 
algorithm  must  be  used  to  define  sample  values  at  the  new 
sample  times  in  terms  of  the  samples  taken  at  rate  fa*  The 
use  of  such  an  algorithm  is  termed  reconstruction.  In 
practice  it  is  not  necessary  to  actually  physically  generate 
the  corresponding  continuous  time  waveform  in  order  for  the 
analysis  contained  in  this  chapter  to  apply. 

The  use  of  a  reconstruction  algorithm  allows  the 
definition  of  a  continuous  time  function  possessing  a 
"normal"  spectrum.  For  the  method  of  reconstruction  used  in 
this  chapter  this  spectrum  is  the  product  of  the  replicated 
sample  spectrum  and  the  Fourier  transform  of  the  basic 
reconstruction  function.  Resampling  at  rate  f,  causes  a 
periodic  replication  of  this  spectrum.  Given  energy  at  some 
frequency  in  the  spectrum  of  s(t)  the  locations  (landing 
frequencies)  and  magnitudes  of  the  contributions  of  this 
energy  in  the  spectrum  of  the  resampled  waveform  are  readily 
determined. 

Section  2.1  relates  the  spectrum  of  a  continuous 
waveform  to  the  discrete  spectrum  of  the  sampled  version. 
This  material  is  standard  and  can  be  found  in  texts  such  as 
[26].  Section  2.2  builds  on  this  material  and  shows  how  the 
spectra  of  reconstructed  waveforms  compare  to  the  original 
unsampled  spectra.  Section  2.3  uses  these  results  to 
determine  the  effects  of  the  original  sampling  and  the 
choice  of  reconstruction  function  when  the  resulting 
waveform  is  again  sampled. 

Section  2.4  considers  the  effects  of  two  error  sources 
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on  the  spectrum  of  a  sampled  waveform.  These  sources  are 
amplitude  quantization  and  overlap  between  spectral 
replications.  Amplitude  quantization  is  caused  when  sample 
values  are  represented  using  a  finite  number  of  bits  to 
correspond  to  a  fixed  pre-determined  voltage  range.  This 
noise  is  commonly  represented  as  being  spectrally  white  with 
a  level  related  to  the  quantization  step  size.  The  effect 
of  spectral  overlap  is  somewhat  more  difficult  to  model  and 
depends  on  the  spectrum  of  the  waveform  being  sampled.  The 
approach  taken  in  Section  2.4  is  to  model  the  unsampled 
waveform  as  having  been  generated  by  passing  stationary 
white  Gaussian  noise  thru  an  analog  filter.  This  is 
referred  to  as  the  Wiener  noise  model  [27].  The  power 
spectrum  of  the  sampled  waveform  can  be  expressed  in  terms 
of  the  pole  locations  and  the  associated  residues  of  the 
filter  transfer  function. 

The  author's  contributions  are: 


determination  of  the  landing  frequencies  in  the  spectum 
of  the  resampled  waveform  of  the  spectral  replications 
caused  by  the  initial  sampling 

determination  of  the  amplitudes  of  the  re-aliased 
replications 

derivation  of  the  expressions  used  to  determine  the 
power  spectrum  of  the  sampled  Weiner-model  noise 
processes 

This  information  is  of  importance  to  the  system 
designer  because  it  allows  the  severity  of  the  problems 
associated  with  sample  rate  changes  to  be  quantified.  The 
noise  analysis  allows  the  interaction  between  sample  rate, 
the  presampling  filter  and  the  amount  of  noise  folded  into 
the  signal  band  to  be  computed. 


2 . 1  Effects  of  Sampling  on  the  Spectrum 


Given  a  continuous  waveform  s(t)  its  Fourier  transform 
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is  defined  as 


S(f ) 


+  00 


exp{- j  2  7T  f  t}dt 


The  associated  inverse  transform  is 


s  ( t ) 


+  00 


S(f)  exp{  +  j2irf t}df 


(2.1) 


(2.2) 


Given  a  sequence  of  sample  values  of  s(t)  at  sample 

rate  f  ==r-  the  discrete  Fourier  transform  is 
a  a 

oo 

Sd(f)  =  'S  s(kTg)  exp{- j27if kTa}  (2.3) 

k  =  -oo 


The  associated 


s  ( kT  ) 

ot 


inverse  transform  is 

+± 

2T 


a 


S^(f)  exp{  j  2-Trf  kTa)df 


(2.4) 


The  continuous  and  discrete  spectra  can 
Using  Eq.  2.2  letting  t  =  kTQ  gives 

+  00 


s  ( kT  ) 

O 


S(f)  exp{j2-rrfkT  }df 

a 


be 


related. 


(2.5) 


This  can  be  written  as 


17 


m+1/2 

T 


s(kTa}  =  / 


IB=“oo 


/ 


S(f)  exp{j2irfkT  }df 

3. 


(2.6) 


m-  1/2 

T_ 


Let  f'  =  f  -  ,  substitute  and  then  drop  the  primes. 


This  gives 


+1 

2T 


s ( kT  )  = 

3 


CO  — 

■r  / 

m=-ao  j 


S  (  f  +  ^-)  exp{  j  2  tt  (  f  +  ^-)kT  }  d  f  (2.7) 
T-  a  a 


m 


2± 

2T. 


Noting  that  exp{j27rkm}  =  1  and  interchanging  the  order 

of  summation  and  integration 

+  1_ 

2T 


s ( kT  )  = 

3 


ft 


S(f  +  —)  exp{  j2Tff  kT  }  df  (2.8) 

a  a 


2_1 

2T 


But  this  is  in  the  same  form  as  Eq.  2.4.  Thus 


1 


Sd(f)  =  T~  )  S(f  +  2_) 
am=-a>  a 


(2.9) 


The  spectrum  of  the  sampled  waveform  is  formed  by 
shifting  versions  of  the  continuous  spectrum  by  amounts  that 
are  multiples  of  the  sample  rate  and  then  summing  the 
shifted  versions  together.  This  process  is  illustrated  in 
Fig.  2.2  a  and  b.  The  resulting  spectrum  is  periodic.  The 
amount  of  overlap  between  replications  determines  the  amount 
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of  distortion  introduced  by  sampling.  In  Fig.  2.2  this 
overlap  is  shown  in  idealized  form.  In  practice,  the 
spectrum  of  the  unsampled  waveform  falls  off  at  some  rate 
and  there  may  be  significant  overlap  between  replicas  spaced 
several  sample  frequency  multiples  apart.  The  amount  of 
overlap  between  replicas  can  be  reduced  by  increasing  the 
sample  rate  and/or  by  filtering  the  waveform  prior  to 
sampling  in  order  to  decrease  the  amount  of  energy  outside 

of  the  frequency  band  to 

3  8 


fl 


B 


Fig.  2.2.  Spectral  effects  of  sampling  and 
reconstruction  a)  Spectrum  of  the  unsampled 
waveform  b)  Replicated  spectrum  after 
sampling  c)  Transfer  function  of  the 
reconstruct  ion  filter  d)  Spectrum  of 
reconstructed  waveform 
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2.2  Reconstruction 


In  order  to  convert  a  digital  sequence  into  analog  form 
or  to  be  able  to  change  data  rates,  it  is  useful  to 
understand  the  relationship  between  the  spectrum  of  the 
sequence  and  the  spectrum  of  the  reconstructed  continuous 
time  waveform. 

Attention  is  restricted  to  simple  linear  weightings  of 
the  form 

oo 

sr(t)  =  J  s(kTa)  *fR(t)  (2.10) 

k  =  -03 

The  sample  values  are  used  to  weight  a  series  of 
continuous  time  reconstruction  functions  ^(t).  When  there 
is  no  reason  to  weight  one  sample  differently  than  any  other 
sample  the  jrf. (t)  can  be  taken  to  be  time  translations  of  the 
same  basic  reconstruction  function  jz$(t)  .  Then 


tfk(t)  =  jzf(t  -  kTa) 

The  reconstruction  equation  becomes 

CO 

sr(t)  =  J  s(kTa)  t  -  kTa) 

k  =  -co 


Taking  the  Fourier  transform  gives 


sr  (f ) 


s(kT  )  exp{- j2uf kT } 

a  3 


=  1(f)  sd(f) 


CO 


S ( f  +  k/T  ) 

3 


(2.11) 


(2.12) 


(2.13) 

(2.14) 

(2.15) 


The  spectrum  of  the  reconstructed  waveform  is  the 
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product  of  the  discrete  spectrum  of  the  sampled  waveform  and 
the  Fourier  transform  of  the  reconstruction  function. 
Fig.  2.2  b,c  and  d  show  how  the  spectrum  of  the  sampled 
signal  and  the  transform  of  the  reconstruction  function 
combine  to  give  the  spectrum  of  the  reconstructed  waveform. 
Simple  hold  reconstruction  (described  below)  is  used. 

Desirable  properties  of  a  reconstruction  function 
include : 


Adequate  suppression  of  spectral  replicas 
Negligible  effect  on  the  baseband  portion 
of  the  spectrum 
Finite  time  extent 
Ease  of  implementation 


There  is  no  need  to  actually  physically  reconstruct  a 
continuous  time  waveform.  The  use  of  a  reconstruction 
function  simply  provides  an  algorithm  which  uniquely  defines 
a  waveform  value  at  any  time  instant  at  which  a  new  sample 
is  to  be  generated. 

Examples  of  commonly  encountered  reconstruction 
procedures  are  the  sin(x)/x  function  used  in  the  Shannon 
sampling  theorem,  the  simple  holding  of  a  sample  value  until 
a  new  value  is  present  and  linear  interpolation. 

The  reconstruction  function  used  in  the  Shannon 
sampling  theorem  is 


d(t)  =  sin(7rt/Ta)  (2.16) 

(irt/Ta) 

I(£)  =  Ta  i 5  i  'ijf  (2',7) 

3  3 

=  0  elsewhere 


The  simple  hold  reconstruction  function  amounts  to 
holding  the  value  of  a  sample  until  a  new  value  is 
ava i lable . 


0 


elsewhere 


5(f )  =  sin  ( irf  Ta )  (2.19) 

- Ti - 

Linear  interpolation 


t(t)  =  (Ta+t) 
T_ 


-T  <  t  <  0 
3 


<Vl) 


0  <  t  <  T 

3 


=  o 


elsewhere 


<£(f)  = 


sin^  (irfT  ) 
_ a 

T  ( irf  )  2 
a 


(2.20) 


(2.21 ) 


Other  possible  interpolation  functions  include  the 
Lagrange  interpolation  polynomials  and  the  filtering 
functions  used  in  References  [10]  and  [28].  Reconstruction 
functions  which  extend  over  several  samples  are  usually 
constrained  to  pass  thru  the  sample  values.  It  can  be  shown 
that  the  optimum  minimum  mean  square  error  reconstruction 
function  does  pass  thru  the  sample  values  [28].  This  does 
not  mean  that  there  are  not  good  reconstruction  functions 
which  do  not  pass  thru  the  sample  values.  The  simple  hold 
and  the  linear  interpolation  functions  given  above  pass  thru 
the  sample  points  and  have  transforms  of  the  form  sin(x)/x 
2 

and  (sin(x)/x)  respectively.  The  reconstruction  function 
corresponding  to  the  third  power  of  sin(x)/x  is 
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-3T. 

fc-  ~f 


(2.22) 


3T 


2T 


2  ^ t+  2 


a  j  2 


-3Ta  -Ta 
— -<t<  — 
2  -  -  2 


1  3Ta  2 
C  1 

3 


-Ta  Ta 
— <t<— 
2  -  -2 


1  3Ta  2 

-i2(t-T£) 

2t: 

3 


Ta  3Ta 

_°<t< _ — 

2  -  -  2 


3T 


-<t 


The  associated  transform  is 

sin3  ( irfT  ) 

1(f)  =  - ^ - §- 

T3  ( irf  )  3 

3 


(2.23) 


The  waveform  generated  using  this  reconstruction 
function  does  not  pass  thru  the  original  sample  points. 
However,  this  function  does  heavily  attenuate  the  replica 
components  located  at  multiples  of  f=l/T  while  acting  as  a 
filter  on  the  baseband  components. 

In  general,  one  wants  a  computationally  simple 
reconstruction  function  which  uses  only  a  few  sample  values, 
heavily  attenuates  the  replicas  and  does  not  filter  the 
baseband  energy  more  than  some  desired  amount.  Fig.  2.3 
illustrates  how  various  constraints  might  be  placed  on  the 
reconstruction  function  in  the  frequency  domain. 

The  frequency  axis  is  divided  into  pass,  transition  and 
attenuation  zones.  In  the  pass  zone  the  frequency  response 
is  constrained  to  deviate  no  more  than  5p  from  some  nominal 
value.  In  the  attenuation  zone  the  frequency  reponse  is 
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Poss 

zone 


Fig.  2.3.  Constraints  which  might  be  placed  on  the 
Fourier  transform  of  the  reconstruction 
function 

constrained  to  be  no  larger  than  5  .  The  frequency  response 
changes  from  pass  to  attenuate  in  the  transition  zone.  The 
faster  that  this  transition  is  required  to  be,  the  more 
complicated  will  be  the  required  interpolation  process. 


2 . 3  Resampl inq 


The  process  of 
rate  1/T.  causes 
frequency  is  1/(2T^) 


sampling  the  reconstructed  waveform  at 
a  new  aliasing  to  occur.  The  folding 
and  the  baseband  frequency  range  is 


-1 


<  f  < 


+  1 


2Tb  -  -  2Tb 


(2.24) 


The  folding  of  the  components  located  at  multiples  of 
f=1/T  in  the  reconstructed  waveform  causes  distortion  in 

cl 

the  resampled  waveform. 
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Since 


sr  ( t ) 


=  J  s(kTa)^(t-kTa) 

k  =  -OD 


(2.25) 


the  sample  values  of  the  resampled  waveform  are 


>b(mTb)  =  y  s ( kTa ) $ ( mTb~  kTQ ) 

k=-oo 


(2.26) 


The  spectrum  of  the  resampled  waveform  can  be  expressed 
in  several  ways. 

00  CO 


Sb  (  f  )  =  )  exp(- j2TTfmTb)  )  s  (  kTQ  )  &  (mTb-kTa )  (2.27) 

m=-oo  k  =  -co 


)  I«£+T-)sd<f+T-> 

- -  D  D 


m=-oo 


(2.28) 


m  v  1 


k  j_m 


:  /_ 

m=-co 


I(f+£-)  /  S  (f+4-+sr~) 

^  L -  Aa  xb 


(2.29) 


k=-oo 


Attention  is  restricted  to  the  case  of  sample  rate 
decrease,  Tb  >  T  . 

Given  a  specific  frequency  f  in  the  spectrum  of  a 
reconstructed  waveform,  the  frequency  that  it  maps  into  in 
the  baseband  portion  of  the  resampled  spectrum  is  found  by 
determining  the  value  of  m  such  that 


_ 3 _  <  f  +  2) _  <  — 3 — 

2Tb  -  r  Tb  2Tb 


(2.30) 


Solving  gives 


m  =  -tfrTb  +  ^ 


(2.31 ) 


where  [  ]  denotes  taking  the  greatest  integer  of  the 
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enclosed  quantity. 

The  frequency  that  f  aliases  to  is 


'al 


=  f  -  — Tf  T  +-1 
r  TfaL  r  b  2J 


(2.32) 


Consider  the  energy  in  the  original  unsampled  signal  at 

I  <  ^4—).  This  frequency  gets  replicated 
zd 

•  •  1c 

in  the  reconstructed  waveform  to  frequencies  =—  +  f  .  For  a 

a 

given  value  of  k  the  associated  landing  frequency  in  the 
spectrum  of  the  resampled  waveform  is 


frequency  (  |  f 


f 


al 


T,  -[ 
c  b 


cVi1 1 


(2.33) 


In  many  applications,  such  as  the  system  described  in 
Chapter  6,  the  sample  and  resample  rates  are  related  as  the 
ratio  of  two  integers.  Let 


(2.34) 


Since  only  the  case  of  sample  rate  reduction  is  being 
considered,  p>q.  It  is  also  assumed  that  any  factors  common 
to  both  Ta  and  T^  have  been  removed  so  that  p  and  q  are 
relatively  prime.  Under  these  conditions 


'al 


T, 


■f^fcTb-[^fcV|]i 


(2.35) 


Write 


0<k’<q 


k  =  k'  +  qr 


“co<r  <oo 


(2.36) 
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Substituting  gives 


-al 


{JUE*£cTb-[^+£„TK4]} 


c  b  2 


(2.37) 


This  equation  is  independent  of  r.  There  are  only  q 
landing  frequencies  in  the  baseband  portion  of  the  spectrum 
of  the  resampled  waveform  which  correspond  to  a  given  f  in 
the  original  unsampled  waveform  and  its  replications  in  the 
reconstructed  version.  The  spacing  between  landing 


frequencies  is  — . 


The  amplitude  of  a  line  located  at  frequency  m-+f  in 

xa 


the  reconstructed  spectrum  is 


(2.38) 

a  a 

The  sum  of  the  replications  landing  at  f  ^  is  then 


GO 


(2.39) 


Because  the  simple  hold  is  by  far  the  most  commonly 
used  reconstruction  function  it  is  worthwhile  to  evaluate 
Eq.  2.39  for  this  case. 


Sk '  =  / 


r  =  -oo 


; i n  (  tt { T  +^+f  }T  ) 
_ a  a _ 

ttT  (fel+12+f  } 

a lT  T  cJ 

3  3 


(-1)^  sin(nfcTa) 

/ 

r  =  -co 


(-1  )r<3 


7rr+7T  ( k 


(2.40) 


q 


(2.41  ) 
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The  series  can  be  summed  using  Equations  4.3.91  and 
4.3.93  from  [29]. 


(-1  )k'  sin(irfcTa) 
’k '  "  qtanlirlk'  +  f  T  )/q) 

C  3, 


Sw  = 


(q  even) 


(2.42) 


(-1)*  sin  ( irf  _T  ) 
_ _ c  a 

qsin(ir(k'+fT)/q) 

C  a 


(q  odd) 


(2.43) 


Substituting  T^qT^/p  gives 


Sk '  " 


k'  frc3 

( -  1  )  R  sin(nf^-) 

_ 

k '  ^  c 

qtan(TT(^-+T%:)  ) 


'q  fbP' 


(q  even) 


(2.44) 


k  ' 

(-1;  sin(Tr-f— ) 
rbp 

k'  fc 

qsin ( ir (£— +— — ) ) 


fbP 


(q  odd) 


(2.45) 


For  the  Ocean  Acoustic  Tomography  Experiment  the  values 
and  were  5000  Hz  and  64  Hz  respectively.  The 

resulting  values  of  p  and  q  were  625  and  8.  The  amplitudes 
of  the  spurious  responses  for  values  of  k'  equal  to  1,  2,  3, 
5,  6  and  7  are  plotted  Fig.  2.4  as  a  function  of  f  T.  .  The 
value  of  S^,  for  k=0  was  very  close  to  unity.  The  value  for 

k'=4  was  less  than  10  and  was  not  plotted.  The  maximum 

spurious  value  occurs  for  an<3  equal  to  1  and  7. 

The  amplitude  of  this  spurious  signal  is  down  44  dB  in  power 
from  any  intended  signal  at  the  original  frequency. 

A  similar  analysis  for  f  of  5000  Hz  and  f,  of  400  Hz 

3  JD 

gives  p=25  and  q=2  and  a  maximum  spurious  contribution  of 
-3 

4x10  which  is  down  48  dB  in  power. 
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Amplitude 


Fig.  2.4.  Maximum  spurious  response  levels  using  Ocean 
Acoustic  Tomography  Experiment  parameters 

In  reality,  the  processes  of  reconstruction  and 
resampling  are  equivalent  to  the  application  of  an 
interpolation  rule.  The  function  of  the  rule 
(reconstruction  function)  is  to  attenuate  the  energy 
contained  in  the  replications  centered  at  multiples  of  the 
original  sample  rate.  If  the  waveform  bandwidth  is  narrow 
compared  to  the  original  sample  rate,  the  demands  on  the 
interpolation  rule  are  minimal  and  even  the  simple  hold 
function  can  be  quite  effective.  As  the  waveform  bandwidth 
becomes  larger,  the  more  complex  the  interpolation  rule  must 
become  for  a  given  level  of  performance. 

If  the  two  sample  rates  are  related  as  the  ratio  of  two 
relatively  prime  integers  then  the  landing  frequencies  of 
the  attenuated  replicas  upon  resampling  can  be  determined. 
Knowing  the  interpolation  rule,  the  magnitudes  of  these 
spurious  signal  components  can  be  estimated  and  the  expected 
performace  determined. 
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2 . 4  Errors  Caused  by  Quantization  and  Noise  Folding 

The  two  major  sources  of  error  involved  in  converting 
analog  signals  into  digital  values  are  the  quantization  of 
sample  values  into  integer  values  and  the  spectral  aliasing 
caused  by  sampling.  If  a  waveform  is  digitized  using  a  very 
high  sample  rate  relative  to  its  frequency  content  then  the 
quantization  of  the  amplitude  into  discrete  values  will 
likely  be  the  main  source  of  error.  Similarly,  for  a 
waveform  sampled  at  a  rate  close  to  its  bandwith  but  using  a 
high  resolution  A/D  converter,  the  main  error  source  will  be 
due  to  spectral  aliasing. 

The  noise  due  to  quantizing  samples  to  a  given 
resolution  is  usually  modeled  as  having  a  uniform 
probability  density  with  zero  mean,  being  independent  of  the 
waveform  and  being  independent  from  sample  to  sample  [28]. 
In  practice  this  is  a  reasonable  model  when  using  A/D 
converters  with  6  or  more  bits  of  resolution  and  the  signal 
spends  a  small  amount  of  time  compared  to  the  inter-sample 
time  in  a  given  quanta  step.  Given  a  B  bit  converter  which 

is  used  to  digitize  the  voltage  range  -V  the  variance  of  the 
quantization  noise  is 


(^|)2 
var  =  2B 
12 


V* 


(2.46) 


3*2 


2B 


Quantization  noise  can  be  considered  to  be  an  additive 
background  noise  with  white  spectrum  in  the  band  -f  /2  to 
+f  /2  and  power  spectral  density  level  equal  to  the  variance 
given  in  Eq.  2.46  divided  by  f  . 

The  noise  introduced  by  aliasing  depends  on  the 
character  of  the  waveform  being  sampled.  Contributors  to 
this  noise  can  be  random  background  noise,  interfering 
signals  and  components  of  the  desired  signal.  The  effects 
of  deterministic  waveforms  can  be  analyzed  using  the 
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relationships  developed  in  the  previous  section.  The 
effects  of  aliasing  on  the  background  random  noise  can  be 
estimated  if  the  power  spectrum  or  autocorrelation  function 
of  the  noise  is  known. 

The  power  spectrum  of  a  sampled  wide  sense  stationary 
random  process  can  be  expressed  either  in  terms  of  its 
unsampled  power  spectrum 


00 

sd(f)  =  sjr-  T~"  S(f  +  £-)  (2.47) 

ak^  a 

or  in  terms  of  samples  of  the  autocorrelation  function  R(t) 

CO 

Sd(f)  =  'S  R(kTa)exp{-j2irfkTa}  (2.48) 

k=-co 

Since  the  autocorrelation  function  of  a  real  random 
process  is  symmetric,  Eq.  2.48  can  be  written 

00 

Sd(f)  =  R  ( 0 )  +  2  ")  R(kTa)cos(27rfkTa)  (2.49) 

k=T 

Two  types  of  filters  which  can  be  relatively  easily 
evaluated  are  the  sliding  integrator  and  those  filters  whose 
transfer  functions  have  a  finite  number  of  poles,  all  in  the 
left  half  plane.  The  latter  class  includes  most  of  those 
used  in  the  audio  to  HF  frequency  ranges. 

The  impulse  response  of  the  sliding  integrator 
integrating  over  the  time  interval  t  to  t+T  is 

4  0<t<T 


0 


elsewhere 
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If  this  filter  is  excited  by  white  Gaussian  noise  the 
power  spectrum  at  the  output  is 


s<£)  =  siP2(.Trf’r) 

(irfT)2 


(2.50) 


The  power  spectrum  of  the  sampled  output  can  be  written 
in  the  form 


sd(f)  t 

am=-oo 


sin  (ir{f+m/T  }T) 

3 _ 

( tt { f +m/T  }T) 2 

a 


(2.51  ) 


Since  S^(f)  is  periodic  with  period  attention  can  be 

♦  -  1  1 
restricted  to  the  frequency  range  2T~ — 2T- ' 

3.  3 

The  autocorrelation  function  of  the  integrator  output 


1  s 


(1+|)/T  -T<t<0 

(1-|)/T  0<t<T 

0  elsewhere 

Using  the  autocorrelation  function  an  alternative 
expression  for  S^(f)  is 

[T/T  ] 

1  9  T - 

Sd(f)  =  /  (  1— ^-)cos(2TTfkTa)  (2.52) 

k="T 

This  expression  is  much  easier  to  use  than  is  Eq.  2.51. 

A  particularly  tractable  noise  model  is  the  Weiner 

model  where  the  noise  process  is  generated  by  passing  white 
Gaussian  noise  thru  a  filter  with  impulse  response  h(t)  and 
transfer  function  H(s)  [27],  This  model  is  realistic 

because  in  many  cases  the  noise  present  at  the  A/D  converter 
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input  is  the  result  of  having  passed  relatively  wide-band 
noise  thru  a  front  end  filter.  The  Laplace  transform  of  the 
noise  autocorrelation  function  is  H(s)H(-s)  (assuming  that 
h(t)  is  real  valued).  The  autocorrelation  function  is 
readily  found  by  expanding  H(s)H(-s)  in  a  partial  fraction 
expansion  and  inverting. 

Consider  the  contribution  of  a  single  pole  in  H(s)H(-s) 
located  at  s=p  (Re(p)<0).  Let  the  associated  residue  be  R^. 
The  contribution  of  this  pole  is 

CO 

S  •,  (f)  =  R^{  1  +  2  'S  exp(pkT  )cos(irfkT  )}  (2.53) 
ap  p  / _  a  a 

k=  1 

The  cosine  can  be  replaced  with  its  complex  exponential 
representation.  Eq.  2.53  then  becomes  the  sum  of  two 
convergent  geometric  series.  The  summed  result  can  be 
written 


cos ( 2uf T  ) -exp(pT  ) 

^dp^)  ~  Rp^  1  +  2exp(  pTa  )  +exp(  -pTa  )  -2c  os  (  2uf  Tq  )  ^  (2»54) 

Similarly,  given  a  pole  pair  p  and  p  with  residues  Rp 

and  Rp  respectively  an  expression  can  be  obtained  describing 
their  contribution  to  the  power  spectrum  of  the  sample 
waveform.  This  contribution  can  be  written 


saPP(£)  - 2c  +- 


2 {c*cos  (  (y+2irf  )T  )-d*sin(  (y+irf  )T  )  -c*exp(xT  ) } 

q _ a _  d 

exp( xT  )+exp(-xT  )-2cos((y+2iff)T  ) 


2{c*cos  (  (y-2irf  )T,  )-d*sin  (  (y-2irf  )T  )-c*exp(xT  )  } 

5 _ a _ o 

exp( xT  ) +exp( -xT  )-2cos((y-2uf)T) 


(2.55) 


where 
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x=Re(p)  y  =  Im(p) 
c  =  Re(Residue)  d  =  Im(Residue) 

Using  the  expressions  for  the  single  pole  and  for  the 
pole  pair  contributions  to  the  sampled  power  spectrum,  the 
result  for  a  transfer  function  of  arbitrary  order  can  be 
built  up. 

Fig.  2.5  shows  the  effects  of  sampling  on  the  first 
order  Butterworth  power  spectrum.  The  3  dB  bandwidth  of  the 
unsampled  process  is  700  Hz  and  the  sample  rate  is  5000  Hz. 
Fig.  2.6  shows  the  effects  of  sampling  for  the  same 
parameters  but  on  a  second  order  Butterworth  spectrum.  Both 
log  and  linear  (vertical  axis)  plots  are  included.  The 
horizontal  axis  is  linear  in  frequency  for  all  plots.  While 
the  log  plot  is  useful  for  displaying  values  over  a  wide 
dynamic  range  it  also  magnifies  small  or  insignificant 
values.  The  linear  (in  power)  plot  suppresses  the  tails  of 
the  spectra  but  since  the  total  power  in  the  waveform  is 
directly  related  to  the  area  under  the  curve  it  gives  an 
accurate  picture  of  the  relative  amounts  of  error.  Assuming 
that  the  noise  spectrum  is  shaped  by  a  front  end  filter 
prior  to  the  A/D  converter,  it  is  clear  that  for  these 
parameters,  the  second  order  filter  is  a  significantly 
better  filter.  Also,  given  that  there  are  no  strong 
spectral  lines  which  need  to  be  suppressed,  there  will  not 
be  a  significant  improvement  in  the  amount  of  noise  aliased 
if  a  higher  order  filter  with  the  same  bandwidth  is  used. 
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Fig.  2.5.  Aliasing  of  1st  order  Butterworth  spectrum, 
BW=700  Hz,  sample  rate  equal  5000  Hz 
a)  Logarithmic  power  axis  b)  Linear  power  axis 
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Fig.  2.6.  Aliasing  of  2nd  order  Butterworth  spectrum, 
BW=700  Hz,  sample  rate  equal  5000  Hz 
a)  Logarithmic  power  axis  b)  Linear  power  axis 


CHAPTER  3 


COMPLEX  DEMODULATION 

Given  a  waveform  whose  spectrum  is  either  low-pass  or 
band-pass,  the  process  of  complex  demodulation  consists  of 
shifting  that  spectrum  so  that  the  energy  contained  in  a 
band  of  frequencies  centered  at  some  frequency  of  interest, 
f^,  is  re-centered  at  f=0.  This  is  done  in  such  a  way  that 
the  phase  relationships  in  the  unshifted  spectrum  are 
preserved.  The  frequency  shifted  waveform  is  then  filtered 
in  order  to  reject  the  energy  outside  of  the  band  of 
interest . 

Using  Fourier  analysis,  it  is  easily  shown  that 
multiplying  a  waveform  s(t)  whose  spectrum  is  S(f)  by  the 
complex  exponential  exp{- j 2 f ^ t }  results  in  a  waveform  whose 
spectrum  is  S(f+f^).  This  property  of  Fourier  theory  is 
sometimes  referred  to  as  the  Fourier  Shifting  Theorem  [26] 
and  serves  as  the  basis  for  the  design  of  various  forms  of 
complex  demodulators.  The  required  complex  multiplications 
can  be  implemented  as  pairs  of  real  multiplications  using 
the  well  known  relation 

exp{- j 2 tt f ^t }  =  cos(27rfdt)  -  jsin(2Trfdt)  (3.1) 

The  resulting  "complex  valued"  waveform  is  handled  as  a  pair 
of  real  valued  waveforms  in  the  same  manner  that  complex 
numbers  are  handled  in  mathematics. 

As  defined  here,  the  term  "complex  rotator"  (or 
rotator)  refers  to  the  quantity,  exp{- j2irfdt } . 
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Complex  demodulators  can  be  implemented  in  a  number  of 
ways.  These  include: 

Using  analog  waveforms  and  analog  multipliers. 

Using  multiplying  D/A  converters  and  digitally 
synthesized  sine  and  cosine  values  with  analog  inputs 
and  outputs. 

A/D  converting  the  input  waveform  and  multiplying  by 
sample  values  of  the  complex  rotator. 

Approximation  of  the  totally  analog,  system  using 
quadrature  phased  square  waves  to  mimic  the  action  of 
the  sine  and  cosine  waveforms. 

Direct  sample  demodulation  (also  called  quadrature 
sampling  and  4f q  sampling). 

A  completely  analog  system  would  use  analog  multiplier 
devices  to  multiply  the  input  waveform  by  sine  and  cosine 
waveforms.  The  multiplier  outputs  would  then  be  filtered  to 
eliminate  the  energy  outside  the  band  of  interest.  The  main 
difficulty  with  this  approach  is  generating  sine  and  cosine 
waveforms  with  precisely  controlled  amplitude  and  phase 
characteristics.  Because  of  the  precise  control  offered  by 
digital  techniques,  the  best  way  to  generate  these  waveforms 
is  digitally.  However,  rather  than  generate  analog  sine  and 
cosine  waveforms  from  digital  versions,  it  is  easier  to  use 
a  hybrid  analog  and  digital  hardware  combination. 

A  hybrid  system  would  use  multiplying  D/A  converters  to 
multiply  the  analog  input  by  values  of  the  sine  and  cosine. 
Multiplying  D/A  converters  act  as  amplifiers  whose  gain  is 
digitally  set,  in  this  case  by  digitized  values  of  the  sine 
and  cosine.  A  read  only  memory  is  used  to  hold  the  sine  and 
cosine  values.  The  ROM  addresses  can  be  generated  in  a 
number  of  ways.  The  simplest  way  is  to  use  a  counter  which 
is  clocked  at  a  rate  that  is  a  multiple  of  the  desired 
demodulation  frequency.  Another  method  is  to  use  the  direct 
digital  frequency  synthesis  technique  used  in  some  frequency 
synthesizers  to  generate  the  required  ROM  addresses.  The 
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quantizations  of  amplitude  and  time  in  the  generation  of  the 
sine  and  cosine  values  are  the  main  sources  of  error  in  the 
hyrbrid  approach. 

In  applications  using  digial  computers  there  is  often 
no  need  for  an  analog  output.  An  all  digital  system  would 
A/D  convert  the  input  waveform  and  multiply  the  resulting 
samples  by  samples  of  the  sine  and  cosine  functions.  The 
low-pass  output  filter  would  then  be  digital.  The 
multiplication  by  the  complex  rotator  values  could  be 
performed  in  the  computer  or  off-loaded  into  a  demodulator 
front  end.  In  either  case  the  required  sine  and  cosine 
values  would  be  extracted  from  a  ROM.  The  addressing  of  the 
ROM  could  be  sequential  if  the  input  sample  rate  is  a 
multiple  of  the  desired  demodulation  frequency  or  could  be 
controlled  using  some  direct  digital  frequency  synthesis 
technique.  Error  sources  include  the  input  quantization  as 
well  as  the  quantization  of  the  sine  and  cosine  values. 
Often  the  input  sample  rate  and  the  rate  at  which 
demodulator  outputs  are  required  at  are  not  nicely  related. 
One  is  then  faced  with  the  problem  of  sample  rate 
conversion . 

If  the  amount  of  generality  required  of  the  demodulator 
can  be  restricted  then  some  simplifications  can  be  made.  In 
particular,  if  the  input  waveform  is  band-pass  with  center 
frequency  f^  and  Q  greater  than  three  or  four  then  the 
following  two  methods  are  convenient. 

A  simplified  analog  demodulator  can  be  built  using 
quadrature  phased  square  waves  to  approximate  the  sine  and 
cosine  functions.  The  required  multiplications  are  then  by 
plus  and  minus  ones.  These  are  easily  implemented  using 
buffer  amplifiers  and  analog  switches.  The  switching  is 
controlled  using  a  clock  at  a  rate  of  four  times  the  desired 
demodulation  frequency.  The  outputs  of  the  analog  switches 
are  low-pass  filtered,  not  only  removing  the  energy  in  the 
input  waveform  outside  of  the  band  of  interest  but  also 
removing  the  effects  of  the  high  frequency  components  in  the 
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square  waves. 

If  the  complex  exponential  is  sampled  at  a  rate  of  four 
times  per  cycle  of  the  demodulation  frequency  starting  at 
time  zero,  the  resulting  sine  and  cosine  samples  take  on  the 
values  zero,  plus  one  and  minus  one.  These  are  easy  values 
to  multiply  by  in  a  computer.  The  properly  weighted  sample 
values  can  then  be  digitally  filtered.  One  is  still  faced 
with  the  possible  problem  of  sample  rate  conversion. 

Section  3.1  provides  a  review  of  band-pass  waveforms. 
The  relationship  between  band-pass  waveforms  and  their 
equivalent  baseband  representations  is  of  primary  interest. 
The  desired  outputs  of  a  complex  demodulator  are  these 
baseband  representations. 

Both  the  hybrid  analog  and  the  all  digital  demodulator 
configurations  described  in  Sections  3.3  and  3.4  make  use  of 
synthesized  sine  and  cosine  values.  Section  3.2  contains  a 
description  of  a  synthesis  technique  which  can  be  used  to 
generate  the  required  values.  This  method  is  based  on  the 
direct  digital  method  used  in  frequency  synthesizers  [12]. 
The  effects  of  time  and  amplitude  quantization  errors  are 
analyzed.  This  method  of  frequency  synthesis  is  the  method 
used  in  the  multi-channel'  complex  demodulator  described  in 
Chapter  6. 

Section  3.3  analyzes  the  performance  of  the  hybrid 
analog  demodulator.  The  effects  of  errors  in  the  synthesis 
of  the  sine  and  cosine  values  on  the  demodulator  output  are 
evaluated . 

The  all  digital  demodulator  is  described  in  Section 
3.4.  This  is  the  demodulator  implementation  used  with  the 
CEL  beamforming  hardware  and  so  is  considered  in  some 
detail.  Because  of  the  nature  of  the  beamforming  process, 
the  input  sample  rate  is  fixed  and  cannot  be  adjusted  to  be 
a  multiple  of  the  desired  demodulation  frequency,  f^.  As  a 
consequence,  the  input  sample  rate  is  generally  not  a 
multiple  of  the  rate  at  which  samples  of  the  demodulated 
waveform  are  desired.  At  some  point  in  the  demodulator,  a 
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conversion  must  be  made  between  the  input  sample  rate  and 
some  multiple  of  the  desired  demodulator  output  rate.  Three 
potential  positions  at  which  this  conversion  can  be  made  are 
considered.  The  effects  of  quantization  errors  in  both  the 
input  and  the  demodulation  waveforms  are  examined.  The  use 
of  the  integrate-and-dump  digital  filter  for  the  output 
filtering  is  described.  The  effects  of  sample  rate 
conversion  made  at  the  output  of  this  filter  are  analyzed. 
Finally,  methods  of  scaling  the  output  values  without  losing 
significance  or  inserting  a  bias  are  discussed. 

Section  3.5  describes  how  a  simple  square  wave  based 
complex  demodulator  can  be  (and  was)  implemented.  This 
method  of  complex  demodulation  has  proven  useful  for  making 
CW  measurements  and  for  tracking  doppler  shifts  caused  by 
moving  sources.  Historically,  this  was  the  first  complex 
demodulation  method  used  at  CEL  in  the  early  60' s  [13]. 

Section  3.6  considers  direct  digital  demodulation. 
This  method  was  originally  used  as  a  digital  equivalent  of 
square  wave  demodulation.  This  method  was  used  in  the 
single  channel  "4fg"  type  demodulator  [13]  described  in 
Chapter  6. 

3 . 1  Band-Pass  Waveforms 

A  deterministic  waveform  or  random  process  is  said  to 
be  band-pass  with  center  frequency  f  and  bandwidth  W  if  its 
power  spectrum  contains  negligible  energy  outside  of  the 
frequency  range  f  -  W/2  <  |f|  <  fc  +  W/2  where  f  >W/2.  A 
representative  band-pass  spectrum  is  shown  in  Fig.  3.1. 

A  common  way  of  generating  a  band-pass  waveform  is  to 
take  a  sinusoidal  carrier  and  modulate  its  amplitude  and/or 
phase.  If  the  modulation  varies  slowly  compared  to  the 
carrier  frequency,  the  resulting  waveform  is  usually 
considered  to  be  band-pass. 

An  amplitude  and  phase  modulated  cosine  wave  can  be 
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|s(f)  | 


Fig.  3.1.  A  typical  band-pass  power  spectrum 
written  in  the  form 

m  (t)  =  a ( t )cos ( 2uf  t+0 ( t ) )  (3.2) 

c  c 


where 


a(t)  =  amplitude  modulating  waveform 
©(t)  =  phase  modulating  waveform 
fc  =  carrier  frequency 

Typically  a(t)  and  6(t)  are  real  valued  waveforms 
possessing  low-pass  power  spectra. 

Applying  a  standard  trigonometric  identity  for  the 
cosine  of  the  sum  of  two  angles  allows  mc(t)  to  be  written 
as 

m  (t)  =  a  ( t )  cos  (6  ( t )  )cos  (  2irf  t ) -a  ( t )  sin  (©(  t )  )  sin  (  2irf  t )  (  3 . 3 ) 
c  C  C 

Define 


m  (t)  =  a ( t )cos (©( t ) )/2  (3.4) 

X 

rn^(t)  =  a(t)sin(0(t))/2 

Then  m  (t)  becomes 
c 


(3.5) 
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mc(t)  =  2mx(t)cos(2irfct)-2my(t)sin(2Trfct)  (3.6) 

The  waveform  m  (t)  is  often  referred  to  as  the  in-phase 
component  of  mc(t)  and  my  ( t )  is  termed  the  quadrature-phase 
component  of  mc(t). 

Given  mx ( t )  and  my(t),  it  is  possible  to  recover  a(t) 
and  ©(t)  using  the  relations 


a ( t )  =  2{mx2(t)+my2(t)}1/2 


-1  mv(t) 

e(t)  -  tan  'IJ^I 

X 


(3.7) 

(3.8) 


The  above  quadrature  component  representation  for  mc(t) 
was  obtained  assuming  an  amplitude  and  phase  modulated 
carrier.  The  same  functional  form  can  be  used  to  represent 
any  stationary,  zero  mean  random  process  [30]  or  the  impulse 
response  of  a  band-pass  filter  [31]. 

When  using  the  quadrature  representation  to  model  a 
band-pass  random  process,  the  exact  value  chosen  for  f  is 
usually  not  important  and  is  often  selected  to  simplify 
analysis.  In  situations  where  a  carrier  borne  signal  is 
present,  the  value  of  f  is  usually  chosen  to  be  the  carrier 
frequency. 

The  structures  of  the  positive  and  negative  frequency 
components  of  mc(t)  are  readily  determined  by  substituting 
the  complex  exponential  representations  of  the  sine  and 
cosine  into  Eq.  3.3  and  grouping  terms.  Doing  this 
(suppressing  the  time  dependence  of  mx ( t )  and  m  (t)  for 
notational  convenience)  gives 


mc  ( t )  =  (mx  +  jmy)exp{  j27ifct}  +  (mx- jmy)exp{- j2Trfct}  (3.9) 

The  form  of  this  equation  suggests  defining  a  complex 

valued  baseband  waveform,  m  (t)  as 

z 
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mz  =  V^y 


(3.10) 


=  J^{a(t)cos(e(t)  )+ja(t)sin(6(t))} 


(3.11) 


=  2  a(t)exp{ j©(t) } 


(3.12) 


The  equation  for  m^(t)  then  becomes 


m  ( t )  =  m  exp{ j 2irf _t }  +m*exp{ - j 2irf  t }  (3.13) 

C  Z  C  Z  L. 


Using  the  Fourier  transform  shifting  theorem  [30],  the 

spectrum  of  m  (t)  can  be  written  in  terms  of  the  spectrum  of 

m  ( t )  as 
z 


M  (f)  =  M  (f-f  )+M*(-(f+f  ) ) 
c  z  c  z  c 


(3.14) 


The  spectrum  of  m(_(t)  is  made  up  of  two  components. 
One  of  these  components  is  generated  by  taking  the  complex 
valued  modulating  waveform's  spectrum  and  shifting  it  up  in 
frequency  to  fc.  The  other  component  is  generated  by 
conjugating  the  modulating  waveform's  spectrum,  flipping  it 
about  the  origin  and  then  shifting  it  to  -f  .  Figure  3.2 
illustrates  how  the  spectra  are  related. 

Figure  3.2  is  a  little  deceptive  in  that  it  does  not 
show  any  overlap  between  the  positive  and  negative 
components  of  Mc ( f ) .  However,  except  for  a  few  special 
cases,  there  will  be  contributions  from  M  (f-f  )  and  from 

M*(-(f+f  ))  at  all  frequencies.  The  amount  of  overlap 

between  these  two  components  depends  upon  the  bandwidth  of 

M  relative  to  the  value  of  f  (signal  Q)  and  the  rate  at 
z  c 

which  M  (f)  falls  off. 
z 

In  order  to  better  understand  when  the  interaction 
between  the  positive  and  negative  frequency  components  is 
significant,  consider  the  spectrum  which  results  when  white 
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AlVf) 

I 


Fig.  3.2.  Relationship  between  M  (f),  M*(-f)  and  M  (f) 

2  2  C 

a)  M  ( f )  b)  M*(-f)  c)  M  (f) 
z  z  c 

noise  is  passed  through  a  band-pass  filter.  The  power 
spectrum  at  the  filter  output  is 

Sc(f)  =  K | Hc ( f ) |2  (3.15) 

where 

Hc ( f )  =  band-pass  filter  transfer  function 
with  center  frequency  f 

K  =  white  noise  spectral  level 

Expressing  Hc ( f )  in  terms  of  its  baseband 
representation 
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K(f)  =  lH,(f-frM2  +  !Hz(-f-fc)| 


(3.16) 


The  total  power  measured  at  the  filter  output  is 


+  00 


+  00 


Sc(f)df  = 


|Hc(f)|2df 


(3.17) 


+  00 


>/ 


+  00 


'/ 


=  2/  |H„_(f-fr)rdf  +  2  /  Re{Hz(f-fc)Hz(-f-fc)}df 


(3.18) 


If  there  were  no  interaction  between  the  skirts  of 

H  (f-f  )  and  H  (-f-f  ),  the  second  term  would  equal  zero  and 
z  c  z  c 

the  result  obtained  using  just  the  baseband  model  would  be 
exact.  The  size  of  the  second  term  reflects  the  amount  of 
interaction  between  the  positive  and  negative  frequency 
components  of  the  spectrum.  The  relative  importance  of  this 
term  can  be  quantified  using  the  relationship 


M 


+  00 


/ 


+  00 


|Hc(f)|‘d£  -  2  |  |Hz(f-fc> |  df 


+  00 


I 


iHctf)  rdf 


x  100  (3.19) 


The  quantity  M  represents  the  percent  error  in  the 
estimated  noise  power  caused  by  ignoring  the  interaction 
between  the  positive  and  negative  spectral  components  and 
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using  only  the  baseband  representation. 

Given  a  specific  filter  type,  this  expression  can  be 
evaluated  as  a  function  of  the  filter  Q  (center  frequency 
divided  by  bandwidth).  The  results  of  such  a  computation 
are  plotted  in  Fig.  3.3.  Setting  a  threshold  of  a  one 
percent  error  gives  a  requirement  that  the  Q  of  a  first 
order  Butterworth  filter  be  5  or  greater  and  the  Q  of  a 
second  order  Butterworth  filter  be  1.5  or  greater. 

3 . 2  Digital  Generation  of  the  Complex  Exponential 

Both  the  hybrid  and  the  digital  demodulators  described 
in  the  following  sections  require  sample  values  of  the 
complex  exponential  exp{- j 2 tt f ^t }  at  some  rate  fg.  One 
method  of  generating  these  values  is  to  read  them  out  of  a 
read  only  memory  (ROM) .  The  ROM  would  be  programmed  to 
contain  M  equally  spaced  values  of  exp{- j2irm/M] ,  m=0,...,M- 
1.  At  sample  time  i/fs,  a  ROM  address  k^  would  be  generated 
and  the  corresponding  ROM  value  used  in  the  demodulator. 
ROM  addresses  can  be  generated  using  the  equation 

k.  =  [iMf ,/f  ]  modulo  M  (3.20) 

i  a  s 

or 

k.  =  [ iMf ^/f s+0 . 5 ]  modulo  M  (3.21) 

where  [  ]  represents  taking  the  integer  part. 

The  first  equation  truncates  the  address  value  while 
the  second  equation  rounds  it.  Unless  f  =Mfj,  the  value 
read  from  the  ROM  will  not  exactly  correspond  to  the  desired 
value.  The  error  due  to  quantizing  the  time  axis  is  called 
time  quantization  error  and  is  an  error  source  in  addition 
to  amplitude  quantization. 

If  M,  fg  and  the  allowed  range  of  values  of  f^  are 
properly  chosen,  the  hardware  needed  to  compute  the  k^  takes 
on  relatively  simple  form.  The  value  Mf^/fs  is  summed  into 
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Filter  Q 


Fig.  3.3.  Error  in  estimated  power  caused  by  ignoring  cross 
spectral  term  a)  First  order  Butterworth  filter 
b)  Second  order  Butterworth  filter 
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a  modulo-M  accumulator  each  time  the  sample  clock  "tics." 
The  accumulator  is  then  used  to  address  the  ROM. 

In  practice,  two  ROM's  of  M  words  each  are  used  to  hold 
the  complex  exponential  sample  values.  One  ROM  is  used  to 
contain  the  real  part  and  the  other  is  used  to  contain  the 
imaginary  part.  Assuming  B  bit  words,  the  values  stored  in 
the  k-th  word  of  each  ROM  are 

CR(k)  =  [  ( 2B  1 )  |  cos  ( 2irk/M)  |  +0 . 5]  sgn  (cos  (  2Trk/M) )  (3.22) 

SR(k)  =  -[  (2B_1-1 )  |sin(27rk/M)  |+0.5]sgn(sin(27rk/M) )  (3.23) 

where  []  represents  taking  the  integer  part,  ||  the  absolute 
value  and  sgn  the  sign  of  the  enclosed  quantity.  Since 

multiplication  by  exp{- j  2  it  f  ^t }  is  being  emulated,  the 
contents  of  the  sine  ROM  need  to  be  negated  as  shown. 

If  M  is  even,  the  symmetry  of  the  sine  and  cosine 

functions  insures  that  the  sample  values  given  above  sum  to 

zero  over  one  period.  If  M  is  odd,  there  is  a  small  dc 
component . 

At  time  i/f  ,  the  desired  complex  exponential  value  is 

(2B  1  )exp{- j2irif(j/f g}  (3.24) 

The  value  read  from  the  ROM  is  (truncating  addresses) 

(2B_1-1  )exp{-j2Tr[iMfd/fs]/M}  +  e^  (3.25) 

where  e^  is  the  amplitude  quantization  error  in  ROM  location 
k=[iMfd/fs],  Using  the  algorithm  given  above  for  computing 
the  ROM  contents 

-1/2  <  e*  <  1/2 


(3.26) 
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The  error  in  the  complex  exponential  value  read  from 
the  ROM  is  then 

e^  =  (2B  ^-1  )exp{- j2irif^/f g]  (  I-  (3.27) 

exp{  j2ir(  iMf^/f  s“[  iMf^/f  g]  )/M] )  +  e® 

The  error  made  in  approximating  the  sample  times  is 

e^  =  iMfd/f s~[ iMf^/f s]  =  f ract ( iMf^/f s)  (3.28) 

If  it  is  possible  to  set  fg=Mfd,  the  e^  are  all  zero 

and  the  only  errors  present  are  due  to  amplitude 

quantization.  In  many  cases,  however,  the  value  of  fg  is 

fixed  by  other  considerations  and  it  may  not  be  possible  to 

set  f  =Mf ,.  In  order  to  be  able  to  implement  this  synthesis 
s  d 

method  in  hardware,  it  is  necessary  to  place  some 

restrictions  on  the  set  of  usable  f^  values.  Typically,  fg 

and  fd  are  required  to  both  be  an  integer  multiple  of  some 

basic  frequency  step,  say  0.001  Hz.  This  restriction  allows 

the  ratio  f  ,/f  to  be  written  as  the  ratio  of  two  relatively 
u  S 

prime  integers  p  and  q. 

fd/fs  =  p/q  (3.29) 

The  spectrum  of  the  synthesized  complex  exponential  is 
periodic  with  period  fg  and  contains  q  lines  per 
replication.  If  there  were  no  amplitude  or  time 
quantization,  all  of  the  lines  except  those  corresponding  to 
-f  and  its  replications  would  have  zero  magnitude.  The 

B  —  -] 

amplitude  of  the  line  at  ~  f  ^ ,  in  this  case,  would  be  2  ™1. 

Given  a  specific  set  of  design  parameters  and  a 
demodulation  frequency,  the  amplitude  and  time  quantization 
errors  are  determined.  However,  in  order  to  estimate  the 
magnitudes  of  these  errors  over  a  wide  range  of  parameter 
values,  these  errors  will  be  treated  as  being  random. 
Additionally,  the  errors  due  to  amplitude  quantization  will 
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be  treated  as  being  random  and  independent  of  the  errors 
introduced  by  time  quantization.  The  equations  resulting 
from  this  assumption  yields  results  that  agree  well  with  the 
results  of  computer  simulations. 

First,  consider  the  effects  of  amplitude  quantization. 

The  real  and  imaginary  parts  of  e^  are  modeled  as  being 
uniformly  distributed  between  -1/2  and  +1/2  quanta  and 

independent  of  each  other.  The  variance  of  e^  is  equal  to 
the  sum  of  the  variances  of  its  real  and  imaginary  parts. 
In  terms  of  ROM  quanta  squared 

var(ej)  =  1/12  +  1/12  =  1/6  =  0.17  (3.30) 

As  a  check,  the  values  of  var(e^)  were  computed  over 
one  period  of  the  complex  exponential  for  values  of  B 
ranging  from  2  thru  16  and  values  of  M  equal  to  powers  of  2 

3  11 

ranging  from  2  thru  2  .  For  the  most  part,  the  computed 
variance  values  clustered  slightly  below  the  0.17  value. 
The  largest  value  found  was  0.24  for  B=11  and  M=32.  Even  if 

all  of  the  e^  took  on  the  maximum  possible  value,  the 
resulting  variance  value  would  still  only  be  0.5  quanta 
squared. 

Let  EjJ  represent  DFT  values  associated  with  e*. 
Par seval ' s  theorem  can  be  used  to  relate  the  variance  of  the 
quantization  errors  to  the  variance  of  the  lines  in  the 
associated  spectrum. 


..5  r .. 

k  =  0 

a  |  2 } 
k  1  * 

a  2 

=  E{)  | | 2 } 

k  =  0 

=  0.17  to 

in 

o 

(3.31  ) 

If  all  of 

this 

energy  were 

contained 

in 

a  single 

spectral  line,  its 

magnitude  would  be 

on  the  order 

of  0.41 

to  0.71  quanta. 

If 

the  energy  were 

to  split 

evenly  among 

all  of  the  lines,  the  magnitudes  would  be  l/q^^ 


this 
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amount.  The  spectral  lines  could  also  be  modeled  as  being 
Chi-square  with  two  degrees  of  freedom  and  variance  .17/q. 
Using  this  model,  given  q  lines,  the  magnitude  of  the  mode 
of  the  distribution  of  the  maximum  over  q  values  is 

0.41(ln(q)/q)1/2  (3.32) 

Next,  consider  the  effects  of  time  quantization. 

The  values  of  f^  and  fg  are  restricted  so  that  the 
ratio  f^/fs  can  expressed  as  the  ratio  of  two  relatively 
prime  integers,  p  and  q.  The  expression  for  computing  ROM 
addresses  is  then 

k^  =  [iMp/q]  mod  M  (3.33) 

Since  M  is  also  an  integer,  the  quantity  Mp/q  can  be 
expressed  as  the  ratio  of  two  relatively  prime  integers 

Mp/q  =  p'/q'  (3.34) 

The  value  q'  equals  q  or  is  the  value  which  remains 
after  all  factors  in  common  with  M  and  q  have  been  removed. 

The  expression  for  the  time  quantization  error  becomes 

e^  =  f ract ( ip' /q' )  (3.35) 

As  i  is  indexed,  q'elr  takes  on  the  values  in  the  set 

{0,  1,2,  . . . ,  q T - 1 }  (3.36) 

with  period  q'  and  ordering  as  determined  by  the  value  p? . 

The  component  of  the  quantization  error  in  Eq.  3.27  due 
to  time  quantization  is 
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(2B  1  )exp{- j 2ir i p/q }  ( 1-exp{  j2ire^/M} )  (3.37) 

Taking  the  DFT  yields  the  portion  of  the  error  spectrum 
due  to  the  effects  of  time  quantization 


g_  1  9 _ 1 

Efc(k)  =  — — - -y  ( 1-exp{ j2ne^/M} )exp{- j2ui (p+k)/q}  (3.38) 

ITO 

Replacing  k  with  k'=k+p,  substituting  and  dropping  the 
primes  gives 


Efc ( k-p)  = 


g  _  ^  Q _ 1 

— — -  (  1-exp  {j2  ire  ^/M})exp{-j2irik/q} 

1T0 


(3.39) 


The  e^  are  periodic  with  period  q'  where  q'  is  a  factor 
of  q.  Let  q'=q/r.  Since  ei+g'=ei  the  above  sum  can  be 


written  in  the  form 


B-1_  q’-1 

Et(k-p)  =  — —r — -y  (  1-exp{  j2ire^/M}  )exp{- j27rik/rq' }  (3.40) 

1T0 

r-1 

*  -p)  exp{- j2irmk/r } 
m=0 

The  second  summation  equals  1  if  k  is  a  multiple  of  r 
and  zero  otherwise. 

Let  k=rk',  substitute  and  drop  the  primes.  The 
expression  for  the  time  quantization  error  spectrum  is  then 


B-1  cT-1 

Efc(k-p)  =  -  — r — -y  (  1  -exp{  j  2-rre^/M}  )  exp{  -  j  2  n  i  k/q '  } 


(3.41 ) 


1=0 


The  spectrum  consists  of  lines  spaced  rf  /q=f  /q'  Hz 
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apart  replicated  with  period  fg. 
For  large  values  of  M 


exp{  j27re^/M]  -  1  +  j2Tre^/M 


(3.42) 


Substituting  into  the  equation  for  Efc  gives 


e^exp{- j 2tt i k/q ’  }  (3.43) 


Using  Parseval's  theorem,  the  energy  in  the  time 
quantization  error  spectrum  is 


(3.44) 


The  energy  associated  with  the  line  k=0  causes  a  slight 
gain  and  phase  shift  in  the  operation  of  the  demodulator  but 
does  not  give  rise  to  any  spurious  lines  in  the  spectrum. 
It  is  thus  reasonable  to  remove  the  contribution  of  this 
line  from  the  above  sum  in  order  to  determine  the  amount  of 
energy  contained  in  the  undesired  spectral  lines. 


Efc  ( -p )  =  -jTT(2B  1-1)(q'-1)/(q'M) 


(3.45) 


Squaring  and  subtracting  gives 


k=  1 


(3.46) 
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If  all  of  this  energy  were  to  reside  in  a  single 
spectral  line,  its  magnitude  would  be 


172 


2B_ 1 -  1 

M 


.'2 


(2-^)  1/2  -  * 
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2B  ^1 

M 


,B-1 


=  1.81 


M 


(3.47) 


All  lines  in  the  time  quantization  error  spectrum  must 
have  amplitudes  less  than  or  equal  to  this  value. 

If  the  e^  values  are  ordered  as  shown  in  Fig.  3.4,  the 
magnitude  of  the  k=1  term  is  approximately 


4  2B_  1  -  1  _  .  ^  2B_ 1 -  1  (3.48) 

7T  M  M 


Fig.  3.4.  Ordering  of  e^  yielding  near  absolute  maximum 
amplitude  spurious  spectral  line 


This  ordering  places  half  of  the  available  error  energy 
in  the  k=1  line.  Although  a  proof  has  not  been  found,  it  is 
felt  that  this  is  the  maximum  amount  of  the  error  energy 
which  can  be  placed  in  a  single  line.  Since  the  above 
results  are  to  be  used  in  estimating  the  magnitude  of  the 
maximum  non-demodulation  frequency  line  in  the  demodulator 
spectrum,  the  difference  between  a  value  of  1.81  and  1.27  is 
not  large  enough  to  merit  looking  for  a  tighter  bound. 

If  the  ROM  addresses  are  rounded  instead  of  being 
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truncated,  the  time  jitter  error  becomes 


e^  =  iMfd/fs-[iMfd/fg+0.5]  (3.49) 

Again  assume  that  the  ratio  Mfd/fg  can  be  expressed  as 
the  ratio  of  two  relatively  prime  integers  p'  and  q' . 

For  even  values  of  q' ,  as  i  is  indexed,  q'e^  takes  on 
the  values  in  the  set 

{0,  1,  2,...,  q'/2-1,  -q’/2,  -q'/2-1,...,  -2,  -1}  (3.50) 


For  odd  values  of  q' ,  as  i  is  indexed  q'e^  takes  on  the 
values  in  the  set 

{0,  1,  2,...,  ( q ’  —  1 )/2 ,  -(q'-1 )/2, . . . ,  -2,  -1}  (3.51) 

The  actual  ordering  is  determined  by  the  value  of  p' . 
The  k=0  term  in  the  error  spectrum  for  each  case  is 


Efc(-p) 


=  jtr  ( 2B~  1  -  1 ) 


( q '  even) 


(3.52) 


q  M 

=  0  (q'  odd) 


Applying  Parseval's  theorem,  the  total  energy  in  the 
error  spectrum  not  including  the  k=0  line  is 


'-1 


e 

/ 

k=  1 


Et(k-p) |2  =  U 


1  /  it  (  2B  ’-I),2  (q'-2)  (q'-l) 


M 


,2 


(q'  even)  (3.53) 


=  i  (lilf^U)2  (q'-’Xg'n)  (q.  odd) 

3  M  q '  2 


The  upper  limit  on  the  maximum  line  magnitude  is  then 
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approximately 


TT 


M 


(3.54) 


The  maximum  spurious  line  magnitude  is  the  same  as  when 
the  ROM  addresses  are  truncated.  There  is  a  small 
difference,  however,  in  the  effect  on  the  line  at  the 
desired  demodulation  frequency. 


3 . 3  Hybrid  Analog  Demodulator 

The  analog  demodulator  shown  in  Fig.  3.5  uses  a 
combination  of  analog  and  digital  components.  Sample  values 
of  exp{- j27rfdt]  are  generated  at  a  rate  f  as  described  in 
the  previous  section.  The  real  and  imaginary  parts  are  used 
to  set  the  gains  of  separate  multiplying  D/A  converters. 
Using  B-bit  converters,  the  gains  are  assumed  to  be  set  such 

that  a  digital  input  value  of  2^  ^-1  corresponds  to 
multiplication  by  one.  The  digital  values  are  held  constant 
over  the  1/fg  second  inter-sample  period.  The  waveform  to 
be  demodulated  is  applied  to  the  analog  inputs  of  the 
multiplying  D/A  converters.  The  input  gain  should  be 
adjusted  so  that  clipping  is  an  infrequent  occurance.  The 
weighted  analog  outputs  of  the  converters  are  low-pass 
filtered  to  remove  the  higher  frequency  components 
introduced  by  the  reconstructed  exponential  and  to  reject 
energy  in  the  input  spectrum  outside  of  the  band  of 
frequencies  that  is  of  interest. 

The  operation  of  the  digital  complex  exponential 
synthesizer  in  conjunction  with  the  multiplying  D/A 
converter  can  be  modeled  as  being  a  reconstruction  of  the 
complex  exponential  using  a  zero  order  hold  followed  by  an 
ideal  analog  multiplier.  The  spectrum  of  the  multiplier 
output  corresponds  to  the  convolution  of  the  spectrum  of  the 
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Fig.  3.5.  Hybrid  analog  demodulator  structure 

input  waveform  with  the  spectrum  of  the  reconstructed 
complex  exponential. 

The  spectrum  of  the  reconstructed  complex  exponential 
consists  of  the  periodic  line  spectrum  of  the  sampled 
complex  exponential  with  the  amplitude  of  the  line  at 
frequency  f  being  weighted  by 

sin ( irf /f  )  (3.55) 

7Tf /fs 

The  unweighted  periodic  line  spectrum  of  the  sampled 
complex  exponential  consists  of  shifted  replications  of  the 
-f  to  0  portion  of  the  spectrum.  The  shift  amounts  are 
multiples  of  f  .  In  the  -f  to  0  region  there  are  q 

b  b 

spectral  lines  spaced  f  /q  apart.  The  line  at  -pf  /q 
corresponds  to  -f ,,  the  desired  demodulation  frequency.  The 
remaining  lines  are  caused  by  time  and  amplitude 
quantization . 

Fig.  3.6  illustrates  how  the  spectrum  of  the 
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reconstructed  complex  exponential  is  structured. 


Fig.  3.6.  Reconstructed  complex  exponential  spectrum 

The  spectrum  at  the  output  of  the  multiplying  D/A 
converter,  neglecting  the  contributions  of  the  noise  lines, 
consists  of  a  series  of  replications  of  the  input  waveform's 
spectrum  shifted  by  -f^  plus  multiples  of  f  and  weighted  by 

sin(ir(fj+mf  )/f  )  (3.56) 

Tr(fdtmfs}/fs 

If  the  bandwidth  of  the  input  waveform  is  , 
there  will  be  minor  spectral  overlap  of  replications  if 


-  W.  -  f,  >  W.  -  f 


(3.57) 


Not  unexpectedly,  rearranging  gives  the  classical 
sampling  relation 


fg  >  2Wi  (3.58) 

Given  a  noisy  reception  where  the  signal  bandwidth 
satisfies  the  above  restriction  but  the  noise  spectrum  does 
not,  the  primary  effect  of  the  overlap  of  the  replicated 
spectra  is  to  increase  the  noise  power  in  the  band  of 
interest.  Consider  the  extreme  case  where  the  input  noise 
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Fig.  3.7.  Multiplying  D/A  Converter  input  and  output 
spectra  a)  Input  b)  Output 

spectrum  is  white  noise  of  power  spectral  density  level  Hq. 
The  spectral  level  of  the  overlapped  replications  is  then 


N 


00 


i  =  -oo 


sin2  (  tt (  f  d/f  s+i ) ) 

("<Wi))2 


(3.59) 


The  summation  in  the  above  equation  can  be  shown  to 
equal  1  by  applying  Parseval's  theorem  to  the  Fourier  series 
of  the  exponential  exp{- j 27rf ^t }  defined  on  the  interval  from 
-1/fs  to  +1/fs. 

Thus , 


N  =  N 

o 


(3.60) 


The  signal  amplitude  has  been  reduced  by  the  amount 


The  signal  to  noise  ratio  in  the  band  of  interest  is 
multiplied  by  a  factor  of 


(3.62) 


If  f^  is  restricted  to  be  less  than  fs/4,  the  signal  to 
noise  ratio  with  overlapped  replications  present  is  no  less 
than  0.81  times  the  signal  to  noise  at  the  analog  input  of 
the  multiplying  D/A  converter.  A  factor  of  0.81  corresponds 
to  a  loss  of  slightly  less  than  1  dB. 

The  effects  of  the  quantization  noise  lines  in  the 
spectrum  of  the  reconstructed  complex  exponential  on  the 
noise  power  spectral  level  at  the  D/A  converter  output  can 
be  determined  in  a  similar  manner.  The  effects  of  amplitude 
and  time  quantization  will  be  treated  as  being  independent 
of  each  other. 

In  the  frequency  range  from  -f  to  0,  amplitude 
quantization  contributes  energy  to  q  lines  spaced  f  /q  Hz 
apart  and  time  quantization  contributes  energy  to  q'  lines 
spaced  f  /q'  Hz  apart.  Consider  first  the  effects  of  the 
amplitude  quantization. 

2 

Let  e^  be  the  error  energy  in  the  k-th  line.  Since  the 
k-th  line  is  replicated  and  weighted  by  the  reconstruction 
function,  the  resulting  contribution  of  this  line  and  its 
replications  to  the  output  noise  spectral  level  is 


(3.63) 


Since  the  summation  in  the  above  equation  equals  one, 
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N 


k 


KT  2 

Noek 


(3.64) 


The  total  contribution  of  the  q  lines  in  the  -f  to  0 
band  and  their  replications  is 


N 


(3.65) 


Using  the  results  of  the  previous  section,  the  value  of 
the  above  sum  is  0.17  quanta  squared. 

A  similar  argument  holds  for  the  contribution  due  to 
the  time  quantization  errors.  Thus,  the  total  contribution 

to  the  output  noise  power  spectral  density  (scaling  2  -1 

quanta  to  correspond  to  unity  gain)  is 


N 


NQ  ‘ 


(28-1-!)2 


{0.17  +  — - } 

3MZ 


(3.66) 


Assuming  the  use  of  a  three  (or  more)  bit  D/A 
converter,  the  value  of  Nq/Nq  is  less  than  0.1  (-10  dB)  for 
values  of  M  equal  to  or  greater  than  7.  These  values  of  B 
and  M  are  much  smaller  than  those  that  would  be  used  in  an 
actual  system. 

Independent  of  how  the  noise  errors  distribute 
spectrally  and  using  the  extreme  assumption  of  a  white  noise 
input,  the  above  results  show  that  if 


B  >  3 

M  >  7  (3.67) 

fS  >  4fd 

then  there  is  a  negligible  increase  in  the  noise  level  at 
the  multiplying  D/A  converter  output  due  to  spurious  lines 
in  the  spectrum  of  the  reconstructed  complex  exponential. 
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It  now  remains  to  estimate  the  magnitude  of  the  effects 
on  the  signal  portion  of  the  input  spectrum  caused  by  the 
spurious  lines  in  the  spectrum  of  the  synthesized 
exponential  waveform. 

Let  the  analog  input  to  the  demodulator  be  a  bandpass 
waveform  with  center  frequency  f  and  bandwidth  Wg. 
Ignoring  the  effects  of  the  lines  due  to  quantization 
errors,  the  spectrum  at  the  demodulator  output  prior  to  the 
filters  consists  of  weighted  replications  of  the  input 
spectrum.  This  is  illustrated  in  Fig.  3.8  for  fr=f^. 


Fig.  3.8.  Demodulator  output  spectrum  prior  to  filtering 

Only  the  spectral  component  centered  about  zero 

frequency  is  of  interest.  As  long  as  the  lower  sideband  of 

the  replica  centered  at  fg-fd  lies  at  or  above  2f  ^ ,  its 

effects  are  essentially  no  worse  than  those  of  the  sideband 

energy  located  at  -2fd«  That  is,  if  the  output  filtering 

effectively  suppresses  the  component  at  -2f then  it  also 

effectively  eliminates  the  replicated  spectral  components. 

The  restriction  on  f  and  f,  this  qives  is 

s  d  3 

fs  >  4fd  (3.68) 

The  quantization  noise  in  the  reconstructed  complex 
exponential  values  causes  replications  of  the  input 
spectrum,  spaced  f  /q  Hz  apart,  to  appear  in  the  spectrum  at 
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the  output  of  the  multiplying  D/A  converter. 

If  all  of  the  quantization  error  energy  were 
concentrate  into  a  single  spectral  line,  the  worst  posi 
for  that  line  would  be  at  f=+fd.  This  line  would  inte 
with  the  input  waveform's  lower  sideband  and  shift  i 
zero  frequency.  Treating  this  interference  as  noise, 
resulting  signal  to  noise  ratio  would  be 


to 
t  ion 
ract 
t  to 
the 


sin2Ufd/fs) 

<*Vfs)2 


0.17 


( 2B  ^ -  1 ) 2 


2 

-**}> 


3M 


-1 


(3.69) 


The 
and  time 


contributions  to  the  noise  power  due  to  amplitude 
quantization  become  equal  when 


M 


4 . 4 ( 2B~ 1  -  1 ) 


:  2 


B+1 


(3.70) 


In  the  CEL  system,  as  configured  for  the  Ocean  Acoustic 
Tomography  Demonstration  Experiment,  parameter  values  were 
B= 1 6 ,  M=2000 ,  f d=224  and  fs=5000.  The  computed  signal  to 
noise  ratio  is  60.8  dB . 

In  general,  the  quantization  error  energy  splits  among 
several  lines  and  only  a  portion  of  these  lines  interact 
with  the  input  spectrum  to  cause  interfering  replications  in 
the  band  of  interest.  The  resulting  noise  energy  is  thus 
less  than  the  value  used  in  the  above  signal  to  noise  ratio 
estimate.  Although  the  above  estimate  is  pessimistic,  it  is 
useful  in  establishing  a  reasonable  lower  bound  to  system 
performance  for  specific  B,  M  and  fd  range. 

A  potential  trouble  spot  in  an  analog  system  which  is 
not  immediately  apparent  is  the  need  to  precisely  match  the 
characteristics  of  the  filters  used  at  the  outputs  of  the 
sine  and  cosine  multiplying  D/A  converters.  Let  the 
spectrum  at  the  input  of  the  demodulator  be 
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Wz(f-fd)+W*(-f-fd)  (3.71) 

The  filtering  will  be  assumed  adequate  to  remove  the 
effects  of  the  spectral  replications  in  the  spectrum  of  the 
reconstructed  sine  and  cosine  waveforms.  Similarly,  the 
effects  of  quantization  errors  are  taken  to  be  negligible. 

The  spectrum  at  the  output  of  the  cosine  multiplier  is 

X(f)  =  {Wz(f-2fd)+Wz(f )+W*(-f )+W*(-f-2fd)}/2  (3.72) 

The  spectrum  at  the  output  of  the  sine  multiplier  is 


Y(f)  =  j{Wz(f-2fd)-W(z)+W*(-f )-W*(-f-2fd) }/2 

(3.73) 

Assuming  the  filters  are  adequate  to  remove  the 

components  shifted  by  2fd,  the  filtered  spectra  are 

Xf(f)  =  {Wz(f)+W*(-f)}Hx(f)/2 

(3.74) 

Yf(f)  =  j{-Wz(f )+W*(-f ) }H  (f )/2 

(3.75) 

The 

two 

spectrum  of  the  complex  valued  waveform  formed 
multiplier  outputs  is  then 

by  the 

Z(f)  =  X(f)+jY(f) 

(3.76) 

=  Wz(f )(Hx(f )+Hy(f )}/2  +  W*(-f ){Hx(f )-H  (f )}/2 

(3.77) 


If  H  ( f ) =H  ( f ) =H ( f ) ,  then 
x  y 

Z(f)  =  Wz(f)H(f)  (3.78) 


Any  mismatch  in  the  amplitude  and  phase  characteristics 
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jjj 

of  the  two  filters  allows  energy  from  the  W  (-f)  component 
of  the  spectrum  to  cause  amplitude  and  phase  errors  in  the 
demodulated  waveform. 

3 . 4  Digital  Demodulator 

The  operation  of  the  digital  demodulator  is  quite 
similar  to  that  of  the  hybrid  analog  demodulator  except  that 
the  input  waveform  is  digitized  prior  to  being  spectrally 
shifted  by  -f^  Hz.  The  structure  of  the  digital  demodulator 
being  considered  is  shown  in  Fig.  3.9. 


Clock 


Fig.  3.9.  Digital  demodulator  structure 

The  input  waveform  is  filtered  in  order  to  remove  as 
much  noise  as  is  reasonable  for  the  particular  application 
and  then  sampled  at  rate  f  .  The  sample  values  of  the 

a 

complex  rotator  exp{ - j 2uf ^t }  are  digitally  synthesized  as  in 
the  previous  section.  The  input  sample  values  and  the 
complex  rotator  sample  values  are  digitally  multiplied 
together.  The  multiplier  outputs  are  then  digitally 
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filtered  in  order  to  remove  the  spectral  components  outside 

of  the  range  of  interest.  The  digital  filter  outputs  may 

themselves  be  sampled  at  some  rate  f^. 

The  primary  design  problem  associated  with  this  system 

is  in  selecting  the  sample  rates  fQ,  f  and  f^. 

In  a  general  purpose  demodulator  design,  it  may  not  be 

possible  to  relate  the  three  sample  rates  f  ,  f,  and  f  in  a 

a  b  s 

fixed  manner.  For  example,  the  CEL  beamformer  is  intended 
for  use  in  supplying  beam  outputs  to  multiple  demodulators 
operating  at  independently  selected  frequencies.  Because  of 
this,  it  is  not  possible  to  set  the  value  of  f  based  on  the 
requirements  of  any  one  particular  demodulator.  In  the 
digital  demodulators  considered  below,  it  is  assumed  that 
the  value  of  f  is  fixed  and  cannot  be  varied.  In  order  to 

o 

limit  the  number  of  degrees  of  freedom  in  the  demodulator 
design,  the  value  of  f  will  be  taken  to  be  related  either 
to  f  or  f^  in  some  fixed  manner.  It  is  necessary  to 
convert,  at  some  point  within  the  demodulator,  between  the 
fa  based  input  sample  rate  and  the  f^  based  output  sample 
rate.  The  three  demodulator  configurations  shown  in 
Fig.  3.10  illustrate  the  most  natural  positions  within  the 
demodulator  at  which  sample  rate  conversion  can  be  made. 

The  demodulator  of  Fig.  3.10a  samples  the  input 
waveform  at  rate  f  .  The  spectrum  at  the  A/D  converter 

a 

output  is  related  to  the  input  spectrum  S(f)  as 


CO 


(3.79) 


The  process  of  resampling  the  A/D  converter  output  at 
rate  kf^  is  accounted  for  by  weighting  S>D(f)  by 


sinUf/f  ) 

a 


(3.80) 
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Fig.  3.10.  Demodulator  implementations  with  sample  rate 
conversion  a)  Conversion  following  the  A/D 
converter  b)  Conversion  following  the  multiplier 
c)  Conversion  at  the  filter  output 

and  then  re-replicating  with  spacing  kf^  and  scale  factor 

kf,  .  The  effects  of  these  three  steps  are  shown  in 
b 

schematic  form  in  Fig.  3.11.  In  order  to  keep  the  figure 
simple,  not  all  of  the  effects  of  the  spectral  replication 
are  shown  in  Fig.  3.11c. 

The  effect  of  the  sin(x)/x  weighting  is  to  reduce  the 
magnitude  of  the  replications  caused  by  the  initial  sampling 
at  fQ.  These  weighted  replications  can  be  shifted  into  the 
band  of  frequencies  of  interest  on  resampling  at  rate  kf^. 

The  demodulator  of  Fig.  3.10b  samples  the  input 
waveform  at  rate  f  and  then  shifts  the  spectrum  by  -fd 
before  resampling  takes  place.  The  multiplier  output  is 
resampled  at  rate  kf,.  Fig.  3.12  shows  the  effect  of  these 
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la) 


(b) 


Fig.  3.11.  Spectra  associated  with  demodulator 

configuration  A  a)  Spectrum  at  the  A/D 
converter  output  b)  Reconstructed  spectrum  prior 
to  resampling  c)  Spectrum  of  the  resampled 
waveform 

three  operations  on  the  spectrum.  Fig.  3.12c  does  not  show 
all  the  aliased  spectral  components. 

Performing  the  frequency  shifting  prior  to  resampling 
positions  the  spectrum  so  that  the  replications  of  the 
energy  originally  at  f^  are  positioned  at  multiples  of  the 
sample  rate  f^.  The  process  of  reconstruction  using  a  zero 
order  hold  places  spectral  zeros  at  these  frequencies  and 
provides  maximum  attenuation  around  these  frequencies. 
Thus,  when  the  re-replication  caused  by  resampling  occurs, 
the  amount  of  "signal"  energy  which  can  be  shifted  into  the 
band  of  the  remaining  processing  is  significantly  reduced. 
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In  particular,  if  the  input  waveform  has  a  strong  carrier 
line  at  frequency  f^,  this  line  is  effectively  notched  out 
of  the  replications. 

The  major  improvement  of  the  Fig.  3.10b  scheme  over 
that  of  Fig.  3.10a  is  the  use  of  the  zeros  of  the 
reconstruction  function  to  attenuate  the  replications  of  the 
band  of  frequencies  originally  centered  around  f^  in  the 
spectrum  of  the  input  waveform.  The  major  drawback  to  this 
scheme  is  that  nothing  has  been  done  to  attenuate  the 
spectral  components  located  at  -f^  in  the  input  spectrum. 


4 


(b) 


4 


Fig.  3.12.  Spectra  associated  with  demodulator 

configuration  B  a)  Spectrum  at  the  A/D 
converter  output  b)  Spectrum  of  reconstructed 
waveform  at  the  multiplier  output  c)  Spectrum  of 
the  resampled  waveform 

The  demodulator  of  Fig.  3.10c  moves  the  resamping  point 
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so  that  it  follows  the  output  filter.  This  allows  the 
filter  to  be  used  to  suppress  the  energy  that  was  originally 
located  at  -f^  and  was  shifted  to  -2f^  by  the  multiplier. 
This  eliminates  the  problem  that  plagued  the  configuration 
in  Fig.  3.10b.  In  addition,  the  filtering  now  reduces  the 
noise  bandwidth  prior  to  re-replication  decreasing  the  self 
noise  level  of  this  configuration  as  compared  to  the  other 
two  configurations.  The  sample  rate  is  converted  at  the 
filter  ouputs  from  f  to  f^.  As  in  arrangement  of 
Fig.  3.10b,  the  spectrum  is  positioned  so  that  the 
reconstruction  function  zero  crossings  heavily  attenuate  the 
replications  of  the  band  of  frequencies  originally  centered 
around  f^.  Because  the  demodulator  configuration  of 
Fig.  3.10c  heavily  attenuates  these  replications,  it  was  the 
one  chosen  for  implementation. 

Having  selected  the  demodulator  configuration,  the 
demodulator  design  consists  of  choosing  sample  rates,  the 
number  of  bits  used  in  the  input  A/D  converter,  the  number 
of  bits  and  words  used  in  the  complex  exponential 
synthesizer  ROM  and  the  choice  of  the  output  filter. 

3.4.1  Number  of  Bits  in  the  Input  A/D  Converter 

The  number  of  bits  used  in  the  front  end  A/D  converter 
depends  on  the  expected  dynamic  range  of  the  input,  the 
expected  background  noise  level  and  the  desired  signal  power 
to  quantization  noise  power  level. 

When  the  input  waveform  is  essentially  noise  free,  if 
the  input  signal  sweeps  over  about  5  or  more  bits,  the 
quantization  noise  can  be  modeled  as  being  independent  of 
the  signal,  spectrally  white  and  having  variance  equal  to 
1/12  quanta  squared.  Given  the  average  power  in  the 
waveform  at  the  A/D  input  and  the  desired  signal-to-noise 
ratio  after  quantization,  the  range  and  number  of  bits  in 
the  A/D  converter  can  be  determined. 

Assume  a  B  bit  A/D  converter  with  input  range  -V  to 
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+Vm>  The  voltage  step  associated  with  one  quanta  is 

V,  =  V  / ( 2B_ 1 -  1 )  (3.81 ) 

q  m 

In  order  to  accomodate  variations  in  the  input  signal 
level,  the  peak  input  voltage  should  be  somewhat  larger  than 
the  expected  rms  input  level.  If  the  input  waveform  is 
Gaussian,  setting  Vm  to  correspond  to  4  standard  deviations 

•  -5 

or  more  reduces  the  probability  of  clipping  to  4x10  or 
less.  Even  though  the  input  is  not  Gaussian,  setting  to 

4  times  the  expected  rms  input  level  V  is  a  reasonable 
procedure,  lacking  any  additional  information  about  the 
input  waveform.  Doing  this 

V  =  4V  (3.82) 

m  r 

The  signal  power  to  quantization  noise  ratio  is  then 


V 


S/N  *  zn 


VV(12(2B  1  -  1  )  2  ) 
m 


(3.83) 


3  ( 2B  M)2 


(3.84) 


Solving  for  B  in  terms  of  signal-to-noise  ratio 


B  -  1  ♦  l°92<^,/2+  1> 


(3.85) 


Values  of  B  for  various  values  of  S/N  are 
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S/N 


B 


10  ( 

10 

dB) 

3.2 

102 

(20 

dB) 

4.7 

1  o3 

(30 

dB) 

6.2 

104 

(40 

dB) 

7.9 

105 

(50 

dB) 

9.5 

1  o6 

(60 

dB) 

11.2 

power 

limitat 

ions  in 

-noi 

se 

ratio 

recept  i 

3  are  not  commonly 
encountered  when  making  acoustic  propagation  measurements 
over  moderate  to  long  distances.  Rarely  does  the  signal  to 
noise  ratio  at  the  A/D  converter  input  exceed  as  low  a  value 
as  3  dB.  Setting  the  rms  noise  level  to  a  value 
corresponding  to  3  or  4  bits  of  A/D  converter  activity 
allows  the  input  noise  to  completely  overwhelm  the 
quantization  noise.  If  the  average  noise  level  does  not 
vary  significantly,  an  A/D  converter  with  relatively  few 
(~8)  bits  can  be  used.  If  the  noise  level  varies  greatly, 
using  a  12  bit  converter  or  an  automatic  gain  control 
provides  additional  range. 


3.4.2  Quantization  Effects 

The  input  waveform  is  sampled  at  rate  f  .  The  spectrum 
of  the  sampled  waveform  consists  of  replications  of  the 
spectrum  of  the  unsampled  waveform  replicated  with  spacing 
f _ .  The  effects  of  amplitude  quantization  are  accounted  for 
by  adding  white  noise  with  spectral  level 


1  2  f 


1  2 

quanta  /Hz 


(3.86) 


In  most  applications  the  quantization  noise  is  much 
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smaller  than  the  noise  contained  in  the  input  waveform  and 
can  be  neglected. 

These  samples  are  multiplied  by  samples  of  the  complex 
rotator  exp{- j 27rf ^t }  which  have  been  formed  at  rate  using 
the  direct  digital  synthesis  method  described  in  Section 
3.2.  The  spectrum  of  the  rotator  sample  values  consists  of 
a  line  at  -f^  nomalized  to  unit  amplitude  along  with  a  set 
of  low  level  lines  generated  by  amplitude  quantization  and 
phase  jitter.  As  in  the  Section  3.3,  the  amplitude 
quantization  and  phase  jitter  contributions  are  taken  to  be 
independent  of  each  other. 

The  values  of  f  ,  and  f  are  expressible  as  the  ratio  of 

Q  3 

two  relatively  prime  integers  p  and  q  such  that 


In  Section  3.2  it  was  shown  that  the  amplitude 
quantization  error  energy  is  distributed  among  q  equally 
spaced  lines.  The  precise  distribution  can  be  computed  for 
a  given  set  of  parameters.  The  worst  case  condition  would 
be  if  all  of  this  energy  were  concentrated  in  a  single  line. 
This  line  would  have  magnitude  on  the  order  of  0.41  to  0.71 
quanta.  In  the  best  situation,  this  energy  would  be 
distributed  evenly  among  all  q  lines.  The  magnitudes  would 
1  /2 

be  q  '  of  the  worst  case  level. 

It  was  also  shown  in  Section  3.2  that  the  phase  jitter 
generated  noise  was  distributed  among  q'  lines  where 

Mfa  -  MB  -  El  (3.88) 

£a  "  q 

The  values  of  p’  and  q'  are  relatively  prime. 

The  maximum  magnitude  of  a  phase  noise  generated  line 
was  found  to  be  on  the  order  of 
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IT 


2b-1-1 

M 


(3.89) 


The  spectrum  at  the  multiplier  output  is  the  cyclic 
convolution  of  the  spectrum  of  the  sampled  input  waveform 
with  the  spectrum  of  the  synthesized  complex  rotator  values. 
Because  convolution  is  a  linear  operation,  the  convolution 
can  be  expressed  as  the  sum  of  the  convolutions  of  the 
sampled  input  spectrum  with  the  individual  lines  in  the 
complex  rotator  spectrum. 

The  convolution  of  the  spectrum  of  the  sampled  input 
with  the  line  in  the  complex  rotator  spectrum  at  -f^  causes 
the  input  spectrum  to  be  rotated  by  an  amount  f^  toward  the 
negative  frequencies.  The  energy  originally  located  at  f^ 
is  shifted  to  dc .  This  is  the  desired  demodulation  effect. 

As  a  worst  case  bound,  assume  that  all  of  the  energy 
associated  with  amplitude  quantization  and  phase  jitter  in 
the  complex  rotator  samples  is  contained  in  a  single  line. 
The  magnitude  squared  of  this  line  is  (relative  to  the 
magnitude  of  the  line  at  -f^) 


( 2B  ’-I)2 


{0.17  +  ( 

3MZ 


(3.90) 


The  parameter  values  used  in  the  CEL  beamforming  system 
were  B=16  and  M=2000.  These  values  yield  a  spurious 
response  which  is  60.8  dB  down  from  the  desired  waveform. 


3.4.3  The  Demodulator  Output  Filter 

The  filter  at  the  demodulator  output  is  used  to  limit 
the  bandwidth  of  the  frequency  shifted  waveform  prior  to 
resampling  at  rate  f^.  The  primary  purpose  of  this  filter 
is  to  reduce  the  amount  of  energy  replicated  into  the 
baseband  region  without  significantly  affecting  the  energy 
already  there.  It  is  expected  that  the  resampled  waveform 
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will  be  further  filtered  in  the  processing  which  follows  the 
demodulator.  This  filter  must  be  structured  to  readily  be 
able  to  accomodate  changes  in  the  number  of  samples  over 
which  it  operates  (bandwidth)  and  the  resample  rate  f^. 

One  of  the  most  simple  filtering  operations  to  analyze 
is  the  sliding  summation.  This  operation  is  a  discrete 
approximation  to  the  sliding  integrator  described  by  the 
equation 


t+T 


(3.91 ) 


t 


The  output  of  the  sliding  summer  is  the  sum  of  the  N 
most  recent  input  values.  The  sum  value  is  held  constant 
between  tics  of  the  input  clock  and  is  resampled  at  rate  ffa. 
The  hardware  needed  to  implement  the  sliding  summer  in  its 
most  general  form  requires  N  sample  values  of  memory  and  is 
moderately  complex.  If  the  value  of  N  is  restricted  to  be 
less  than  or  equal  to  [f  /f^],  then  no  inPut  sample 
contributes  to  more  than  one  resampled  output  value  and  the 
summation  can  easily  be  implemented  using  a  single  word  of 
memory  in  "integrate  and  dump"  form. 

The  "integrate  and  dump"  approach  sums  only  the  N  input 
values  immediately  preceeding  the  f^  clock  tic.  At  the  f^ 
clock  tic,  the  filter  value  is  read  and  the  hardware  sum 
register  is  reset  to  zero.  If  a  delay  can  be  tolerated,  the 
f,  clock  tic  can  be  used  to  initiate  the  summation  of  N 

D 

input  values.  In  this  case,  the  resulting  output  value 
corresponds  to  that  of  a  sliding  summation  over  N  input 
values  sampled  at  the  f^  clock  tics  plus  N/f^  seconds.  This 
approach  to  filtering  is  easily  implemented  and  was  the  one 
taken  in  the  design  of  the  CEL  complex  demodulator  used  to 
process  the  beamformer  outputs. 

The  Kronecker  delta  impulse  response  of  the  sliding 
summation  consists  of  N  unit  value  outputs  spaced  1/f 
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The  associated  transfer 


seconds  apart  starting  at  t=0. 
function  is 


N-  1 

H (  f  )  =  ^  exp{- j  2 7T f  i/f  a } 

ITO 


(3.92) 


sin  ( Nirf /f  _  ) 


(3.93) 


With  the  exception  of  a  phase  factor  to  account  for  the 
extra  delay,  this  is  also  the  transfer  function  of  the 
filter  used  in  the  integrate  and  dump  approach  (not 
including  the  effects  of  resampling  at  rate  f^) . 

The  magnitude  of  the  demodulator  output  filter  transfer 
function  is  of  the  form  shown  in  Fig.  3.13. 


H(f>  l 


f 


Fig.  3.13.  Magnitude  of  demodulator  output  filter  transfer 


function 


The  filter  bandwidth  is  defined  to  be  f  /N.  This  value 

cl 

is  close  in  value  to  the  more  traditional  3  dB  bandwidth  but 
is  more  easily  calculated.  Since  the  primary  purpose  of  the 
demodulator  is  to  band  shift  the  input  waveform,  the  filter 
bandwidth  is  generally  set  to  be  somewhat  broader  than  that 
of  the  desired  input  waveform.  Typically,  the  CEL 
demodulator  is  configured  to  use  a  bandwidth  about  4  times 
that  of  the  waveform  of  interest. 

Because  the  waveform  at  the  demodulator  input  is  real 
valued,  its  spectrum  is  conjugate  symmetric  around  dc .  Any 
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energy  in  a  band  of  frequencies  centered  at  f^  is  matched  by 

energy  centered  at  -f ^ .  The  multiplication  of  the  input 

waveform  by  the  complex  rotator  at  frequency  -f^  causes  the 

energy  originally  centered  at  f^  to  be  recentered  at  dc 

(baseband)  and  the  energy  originally  centered  at  -f^  to  be 

shifted  to  -2f^.  The  rejection  of  the  spectral  component  at 

-2fj  can  be  maximized  if  the  value  of  N  can  be  chosen  such 
a 

that  -2f^  corresponds  to  one  of  the  zero  crossings  of  the 
output  filter's  transfer  function. 

Let  QFN  be  the  nominal  Q  desired  of  output  filter 


(3.94) 


filter  bandwidth 


Solving  for  N  gives 


d 

Since  N  must  be  integer,  the  above  value  must  be 
truncated  or  rounded. 


N 


(truncation ) 


(3.96) 


or 


N 


QP»fa 

— T“^+  *5]  (rounding) 
a 


(3.97) 


In  either  case,  the  actual  filter  Q 


(3.98) 


is  equal  to  the  nominally  desired  Q  plus  some  error  e. 
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<  e  <  0 
a 


(truncation ) 


(3.99) 


2  f 


<  e  < 


-  2f . 


( rounding) 


(3.100) 


Normalizing  the  demodulator  output  filter  transfer 
function  to  unity  at  f=0  gives  for  frequencies  within  a 
small  range,  df,  around  -2fd 


sin  (Nir(-2f  ,+df  )/f  ) 
|H(-2fd+df)|  =  lNsin(7r(-2fd+df  )/fa) 


(3.101) 


Substituting  for  N  in  terms  of  Q 


FA 


sin (Q„.  tt ( -2+df /f  , ) ) 

|H(-2fd+df)|  =  lQFAfasin(ir(-2fd+df  )/fa)/fdl  (3,102) 


Assume  fd  and  df  are  restricted  so  that 


( “2f d+df ) / f a  «  1 


(3.103) 


then,  using  the  small  angle  approximation  for  the  sine  gives 


|H(-2fd+df ) | 


sin(QpA7r(-2+df/fd)  ) 
QpA7T(-2+df/fd) 


(3.104) 


Subst i tute 


QFA  QFN+e 


(3.105) 


sin ( irQT?M(-2+df /f  , )  +Tre ( -2+df /f  , )  ) 

iH(-2£a+d£,i  ■  i- — - ^-i 


If  QFN  is  restricted  to  being  a  multiple  of  1/2,  the 
only  effect  of  the  -2irQF^  term  in  the  numerator  is  to  alter 
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the  sign  of  the  sine.  Since  absolute  values  are  being 
taken,  this  term  can  thus  be  dropped.  Also,  if  fd«f  ,  then 
e  is  small  compared  to  QpN- 


|H(-2fd+df ) | 


sin(T7QFNdf/fd-2ire) 

TrQFN(2-df/fd) 


(3.107) 


Given  that  QpN  is  a  multiple  of  1/2,  this  expression 
can  be  used  to  estimate  the  magnitudes  of  the  spectral 
components  around  -2fd  at  the  demodulator  filter  output. 

The  above  equation  describes  a  transfer  function  whose 
magnitude  is  of  the  form  shown  in  Fig.  3.14. 


I H  ( f )  |  i 


Fig.  3.14.  Approximate  transfer  function  magnitude  centered 
around  -2fd 

The  value  of  e  (defined  in  Eq.  3.105)  accounts  for  the 
amount  that  the  filter  transfer  function  misses  having  a 
zero  at  -2fd.  The  filter  lobes  are  essentially  sinusoidal 
in  shape  with  amplitude  1/(2ttQfn)  and  seperation  f^/Qp^  Hz 
between  zeros.  A  strong  carrier  at  -2fd  would  be 
significantly  attenuated. 

Let  the  Q  of  the  signal  of  interest  be  some  multiple  K 
of  the  filter  Q. 


Qs  =  rQfn 


(3.108) 
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The  value  of  K  does  not  necessarily  need  to  be  an 
integer.  The  signal  Q  can  also  be  written  in  terms  of  the 
signal  bandwidth  Wg  as 

°S  =  kqfn  =  £d/ws  (3-,09) 
The  signal  spectrum's  nominal  3  dB  down  points  are 


±Ws/2  =  +fd/(2Qs)  =  +fd/(2KQpN)  (3.110) 

Substituting  these  values  for  df  gives 


lH(_2fdiWs/2) I 


sin  ( +ir/ (  2/K)  -  2iTe  ) 
IttQfn(2±1/(2KQfn))  I 


(3.111) 


This  expression  can  be  used  to  estimate  the  amount  of 
attenuation  present  at  the  band  edges  of  the  input  signal 
spectrum.  For  example,  the  1981  Tomography  Experiment 
parameters 


e 


3.5 

4 

0.0056 


(3.112) 


gives 


| H ( —  2 f d ) |  “  0.0016  (down  ~56  dB)  (3.113) 
|H(-2fd+Ws/2) |  -  0.0174  (down  ~35  dB)  (3.114) 

In  addition  to  suppressing  the  input  signal  component 
at  -fd,  the  filter  at  the  demodulator  output  also  acts  to 
improve  the  signal  to  noise  ratio.  If  the  desired  signal  is 
band-pass  of  bandwidth  less  than  f  /N  to  which  low-pass 
noise  of  bandwidth  WN  has  been  added,  then  the  demodulator 
filtering  improves  the  signal-to-noise  ratio  at  the  output 
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by  a  factor  of  about 


NW 


(3.115) 


In  the  CEL  demodulator  W=700,  f  =5000,  giving  an 

cl 

improvement  factor  of 


(3.116) 


7N 

50 


3.4.4  Effects  of  Sampling  the  Demodulator  Output 

The  spectrum  at  the  filter  output  prior  to  resampling 
at  rate  f^  consists  of  the  input  spectrum  replicated  with 
spacing  f  ,  shifted  by  -f^  and  multiplied  by  the  output 
filter  transfer  function.  Holding  the  filter  output  values 
constant  between  tics  of  the  f  clock  effectively  causes  the 

a 

replicated,  shifted,  filtered  spectrum  to  be  multiplied  by 
sin  ( Trf /f  ) / (  tt f  )  .  Resampling  causes  a  replication  of  this 
weighted  spectrum  to  occur  with  spacing  f^.  In  Chapter  2  it 
was  shown  that  if  the  ratio  f  /f^  could  be  expressed  as  the 
ratio  p/q  of  two  relatively  prime  integers,  then  there  were 
q  frequencies  in  the  range  -fj^/2  to  +f^/2  where  the  original 
replications  centered  at  multiples  of  f  would  be  shifted  to 
upon  resampling. 

The  spectrum  of  the  resampled  waveform  consists  of  the 
essentially  unmodified  "replication"  at  f=0  plus  q  spectral 
"lumps"  caused  by  the  f  replications.  The  landing 
frequency  upon  resampling  of  the  replication  originally 
centered  at  kf  is 

3 


(3.117) 


The  magnitudes  of  the  weighted  f  replications  vary  as 
1/k  due  to  the  sin  (irf/f  a  )/(irf  )  weighting. 

O 
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In  order  to  get  a  feeling  for  the  amount  of  "noise" 
introduced  by  the  presence  of  the  spurious  replications, 
consider  the  "brick  wall"  spectrum  of  bandwidth  W  shown  in 
Fig.  3.15a.  The  magnitude  of  the  k-th  replication  has  the 
form  shown  in  Fig.  3.15b.  The  maximum  magnitude  of  the  k-th 
replication  is  approximately 


S(f) 


-f  4 

n  S 

a  2 

2 

(a) 

i 
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Fig.  3.15.  Reconstruction  of  "brick  wall"  spectrum  a) 
Spectrum  prior  to  reconstruction  b)  Spectrum 
after  reconstruction 


sin  ( 7T  ( kf  a+W/2 )  /f  a ) 
it  (  kf  +W/2  )  / f 

3  3 


(3.118) 


where  the  k=0  replication  has  been  normalized  to  have  unit 
magnitude  at  f=0. 

For  W/2  <<  f  ,  this  is  approximately 

3 


iJL 

'  2kf 

a 


(3.119) 
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Assuming  that  the  replications  for  MO  are  made  up  of 
triangular  components,  the  amount  of  energy  contained  in  the 
k-th  replication  is 


(3.120) 


Taking  the  view  that  the  contributions  from  the 
replications  are  independent  and  thus  their  energies  add 
gives  a  total  "noise"  energy  of 


(3.121) 


MO 

The  energy  in  the  main  band  of  interest  is  W.  The 
resulting  signal-to-noise  ratio  is 


2 


(3.122) 


14.55  f 

a 


The  signal-to-noise  ratio  tends  to  increase  as  the 
square  of  the  frequency  of  tne  initial  sampling  and  to 
decrease  as  the  fourth  power  of  the  input  waveform 
bandwidth . 

Assuming  noise  alone  and  signal  alone  inputs,  the  above 
expressions  can  be  used  to  estimate  the  magnitude  of  the 
effect  of  resampling  on  the  noise  level  and  on  signal 
generated  self  noise.  For  example,  using  the  Tomography 
parameter  values  fa=5000  Hz,  noise  bandwidth  of  64  Hz  and 
signal  bandwidth  of  16  Hz,  the  increase  in  noise  level  due 
to  resampling  is  approximately 


1 4 . 55f  2 

3. 


101og(W)  =  0.20  dB  (3.123) 


10  log (W  + 
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and  the  signal  to  self  noise  ratio  is  about  37.4  dB. 

3.4.5  Scaling  the  Demodulator  Output  Values 

Given  a  demodulator  input  consisting  of  signal  plus 
noise  where  the  rms  noise  level  corresponds  to  3  or  more  A/D 
converter  bits,  the  effects  of  amplitude  quantization  on  the 
signal  are  overwhelmed  by  the  input  noise  and  can  be  safely 
ignored.  In  this  situation,  one  can  quite  readily  process 
signals  having  magnitudes  much  smaller  than  the  voltage 
corresponding  to  a  single  A/D  converter  quanta.  If  there 
were  no  input  noise  present,  such  signals  would  fail  to 
cause  any  variation  in  the  A/D  converter  output  and  would  be 
suppressed.  Let  the  demodulator  input  be  a  constant 
amplitude  sinusoid  at  frequency  f^  and  the  noise  be  "white" 
with  sufficient  bandwidth  so  that  successive  samples  at  rate 
f  are  independent  of  each  other.  In  the  summation,  the 
signal  component  adds  coherently  while  the  noise  component 
adds  incoherently.  Compared  to  the  input,  the  signal  power 

in  the  resulting  sum  is  increased  by  a  factor  of  N  and  the 
noise  variance  is  increased  by  a  factor  of  N.  The  net 
result  is  an  increase  in  the  signal-to-noise  ratio  by  a 
factor  of  N. 

For  a  B  bit  A/D  converter,  C  bit  multiplier  and  a  N 
value  sum,  if  no  bits  are  discarded  in  the  demodulator,  the 
number  of  bits  D  needed  in  forming  the  output  summation 
should  be  such  that 


D  >  B+C- 1 +log2 (N)  (3.124) 

The  C  bit  sine  and  cosine  values  used  to  multiply  the  B 
bit  A/D  converter  values  consist  of  a  sign  bit  and  a  C-1  bit 
fractional  value.  Thus,  the  low  C-1  bits  in  the  summation 
lie  to  the  right  of  the  binary  point. 

The  rms  level  of  the  noise  has  been  increased  by  a 
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factor  of  log2(N)/2.  If  the  filter  output  is  scaled  at  the 
same  time  that  it  is  resampled,  it  is  reasonable  to  keep 
about  the  same  number  of  bits  noise  driven  as  there  were  at 
the  A/D  converter.  This  is  accomplished  by  discarding 
(using  some  sort  of  rounding  operation  as  described  below) 

the  low  ^-log2 (N)  +C- 1  bits.  The  number  of  bits  A  needed  in 
the  demodulator  output  samples  is 

A  >  B  +  ^log2(N)  (3.125) 

It  may  be  that  even  after  the  filtering  in  the 
demodulator  output,  the  signal  level  is  still  less  than  the 
rms  noise  level.  In  this  case,  discarding  additional  bits 
might  result  in  reducing  the  amount  of  activity  in  the  low 
bits  of  the  scaled  values  to  such  an  extent  that  it  is  no 
longer  possible  to  extract  the  desired  signal  in  the  signal 
processing  steps  following  demodulation. 

Having  formed  a  D  bit  sum  in  the  demodulator,  it  is  to 
be  converted  to  A  bits  upon  resampling.  If  values  are  being 
kept  in  two's  complement  form,  this  conversion  cannot  be 
properly  made  by  simply  arithmetically  shifting  right  and 
truncating  the  result.  Nor  can  it  be  properly  made  by 
arithmetically  shifting  right  and  rounding  the  result.  Both 
procedures  have  the  problem  that,  given  two  values  that  sum 
to  zero  prior  to  scaling,  the  values  do  not  necessarily  sum 
to  zero  after  scaling.  The  result  is  that  the  above  two 
procedures  introduce  an  undesired  negative  bias  into  the 
scaled  values.  This  can  be  avoided  if  the  following  scaling 
procedure  is  used: 

Let  r  equal  the  number  of  bit  positions  that  the 

values  are  to  be  scaled  by. 

To  positive  numbers  add  the  amount  a  where  0<a<2  . 

£ 

To  negative  numbers  add  the  amount  2  -1-a. 

Arithmetically  shift  the  resulting  values  right  r 

bit  positions  truncating  the  result. 
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It  will  now  be  shown  that  this  procedure  converts 
values  which  sum  to  zero  prior  to  scaling  into  values  which 
sum  to  zero  after  scaling. 

Let  p  be  a  D  bit  positive  number  which  is  to  be  scaled 
by  r  bits.  Its  associated  negative  value  in  two's 

complement  notation  is  2D-p. 

For  p  the  above  procedure  yields 

[ (p+a ) /2r ]  (3.126) 

For  -p  the  above  procedure  yields 

[ (2D-p+2r-1-a)/2r ]  =  2D_r+1+[-(p+1+a)/2r]  (3.127) 


It  can  be  shown  that 

[ - (p+ 1 +a ) /2r ]  =  -1-[ (p+a)/2r]  (3.128) 

giving  for  -p  the  result 

2D_r-[ (p+a)/2r]  (3.129) 

which  in  two's  complement  notation  represents  the  D-r  bit 
value 


-[ (p+a)/2r ]  (3.130) 

which  is  the  negative  of  the  value  obtained  for  +p. 

Various  scaling  schemes  result  as  a  takes  on  values 

from  0  through  2  -1.  For  a=0,  the  procedure  amounts  to 

reducing  the  magnitudes  of  the  values  by  r  bits  and  then 

truncating.  Using  a  equal  to  2r  ^  or  2r  ^-1  corresponds  to 
reducing  the  magnitudes  of  the  values  by  r  bits  and  then 
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rounding  prior  to  truncating.  The  two  values  of  r  differ 
only  in  whether  the  fractional  value  of  1/2  rounds  up  or 

down.  The  value  of  a=2r-1  causes  only  the  value  0  to  map 
into  0  upon  scaling. 

When  scaling  values,  rounding  yields  lower 
computational  noise  than  does  truncation,  thus  values  of  a 

equal  to  2r_1  or  2r_1-1  are  good  choices.  Of  these  two 

values,  2r  "*-1  is  recommended  since  it  has  a  slightly  larger 
number  of  values  which  it  maps  into  zero  and  it  is  felt  that 
this  extra  touch  of  "squelch"  is  beneficial. 

3 . 5  Square  Wave  Demodulator 

If  the  waveform  at  the  demodulator  input  can  be 
suitably  filtered,  then  a  simplified  version  of  the  analog 
demodulator  of  Section  3.3  can  be  used.  In  this 

demodulator,  the  values  of  exp{-j2TTf^t}  are  replaced  by  a 
complex  valued  square  wave  csq(t)  which  is  obtained  by 
retaining  only  the  polarity  information  contained  in  the 
real  and  imaginary  parts  of  exp{- j 2tt f ^t } .  The  real  and 
imaginary  parts  of  csq(t)  take  on  the  values  +1  and  -1  and 

are  shifted  90°  in  phase  relative  to  each  other.  Fig.  3.16. 
shows  the  real  and  imaginary  parts  of  csq(t). 

The  Fourier  series  spectrum  of  csq(t)  consists  of  a 
series  of  lines  at  frequencies  (4i-1)f^  with  amplitudes 


The  spectrum  of  csq(t)  is  shown  in  Fig.  3.17a 

If  the  demodulator  input  possesses  a  low-pass  spectrum 
of  bandwidth  2f,,  then  the  resulting  spectrum  when  this 
input  is  multiplied  by  csq(t)  is  as  shown  in  Fig.  3.17b. 
There  is  negligible  overlap  between  the  spectral  replication 
centered  at  3fd  and  the  energy  centered  around  zero  Hz. 
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(b) 


Fig.  3.16.  Csq(t)  a)  Real  part  b)  Imaginary  part 

Assuming  a  flat  noise  like  input  spectrum  and  allowing  an 
input  waveform  bandwidth  of  as  much  as  4f^  results  in  a  loss 
of  only  1  dB  in  signal-to-noise  ratio  in  frequency  bands  of 
width  2f^  or  less  centered  around  zero  Hz. 

Band-pass  filtering  the  demodulator  input  rather  than 
just  simply  low-pass  filtering  it  has  the  advantage  of 
reducing  the  dynamic  range  requirements  on  the  components  of 
the  demodulator. 

The  multiplication  of  the  demodulator  input  by  plus  and 
minus  ones  is  easily  implemented  using  operational 
amplifiers  and  CMOS  switches.  Fig.  3.18  contains  the 
schematic  diagram  of  an  operational  square  wave  demodulator. 
This  circuit  uses  the  cross-wired  flip/flop  method  devised 
by  T.  G.  Birdsall  in  1963  for  generating  the  required  sine 
and  cosine  phased  square  waves.  An  input  clock  at  4f^  is 
required  in  order  to  band  shift  by  -f^.  The  output  filters 
are  simple  single  pole  RC  low  pass  filters.  These  were 
chosen  because  it  is  relatively  easy  to  match  RC  time 
constants.  Output  bandwidths  of  1 ,  0.1  and  0.01  Hz  are 
provided. 
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Fig.  3.17.  Spectra  associated 
a)  Spectrum  of  the 
square  wave  b) 
filtering  assuming 
of  bandwidth  2f^ 

3 . 6  Direct  Sample  Demodulation 


with  square  wave  demodulation 
complex  valued  demodulating 
Spectrum  prior  to  output 
flat  low  pass  input  spectrum 


This  section  describes  and  analyses  a  simplified 
version  of  the  digital  demodulator  described  in  Section  3.4. 
The  input  waveform  is  restricted  to  being  band-pass, 
centered  around  frequency  f^.  Also,  the  input  and  output 
sampling  rates  are  required  to  be  simply  related  to  f^.  The 
basic  idea  behind  this  method  is  to  choose  the  input  sample 
rate  f  based  on  f,  so  that  the  only  values  of  the  rotator 
exp{-j27rkf  ,/f  }  that  are  used  are  +1  and  +j.  These  values 

Q  3 

are  easily  used  to  multiply  the  input  data  stream  by  either 
negating  or  not  negating  the  sample  values  and  making  the 


I  OK 
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Fig.  3.18.  Square  wave  demodulator  circuit  diagram 
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result  purely  real  or  imaginary.  The  filtering  operation 
used  to  suppress  the  effects  of  the  input  energy  at  -f^  and 
possibly  any  dc  offset  in  the  input  waveform  or  the  A/D 
converter  is  to  be  a  sliding  sum  of  N  values.  The  output 
sample  rate  is  chosen  to  be  fa/N,  allowing  the  sampled 
sliding  sum  values  to  be  computed  using  a  simple  accumulator 
into  which  N  values  are  added.  When  the  N-th  value  is 
summed,  the  result  is  latched  into  an  output  register  and 
the  accumulator  is  reset  to  zero. 

The  hardware  and  software  needed  to  implement  a  direct 
sampling  demodulator  is  minimal.  An  A/D  converter  added  to 
a  single  chip  microcomputer  such  as  the  INTEL  8748  can  do 
the  job  nicely.  The  price  paid  for  this  simplicity  is  the 
need  for  a  tuned  band-pass  front  end  and  the  ability  to 
directly  relate  both  the  input  and  output  sample  rates  to 
the  desired  demodulation  frequency.  There  are  many 
applications  where  this  is  possible. 

3.6.1  Sampling  a  Band-Pass  Waveform 

Consider  a  band-pass  waveform  with  center  frequency  f^ 
and  bandwidth  W_ .  Sampling  this  waveform  at  rate  causes 
spectral  replications  of  the  positive  frequency  component  to 
be  centered  at  frequencies 

k.f  +f,  -a><k .  <oo  (3.132) 
lad  1 

Similarly,  the  negative  frequency  component  is 
replicated  centered  about  frequencies 

k~f  -fj  -oo<k0<oo  (3.133) 
2  a  a  2 

If  no  replication  of  a  positive  frequency  component  is 
to  exactly  coincide  with  a  replication  of  a  negative 
frequency  component,  then  for  all  k  ^  and  V.2 
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(3.134) 


This  requires  that 


2f^  /  integer*fa 


(3.135) 


Let 


£d  -  afa/2 


a>0  and  not  integer  (3.136) 


The  positive  frequency  sideband  replications  land  at 
(k1+a/2)f  and  the  negative  frequency  sideband  replications 
land  at  (k0-a/2)f  .  Let  int(a)  be  the  integer  part  of  a  and 
fract(a)  be  the  fractional  part.  If  int(a)  is  even,  the 
replications  closest  to  the  origin  are 


fract(a)f  /2  positive  component  (3.137) 

-f ract (a ) f _/2  negative  component 

3 


If  int(a)  is  odd,  the  replications  closest  to  the 
origin  are 


( f ract (a ) -  1 ) f  /2  positive  component  (3.138) 

3 

( 1 -f ract (a ) ) f _/2  negative  component 

3 


These  two  cases  are  pictured  in  Fig.  3.19. 

The  separation  between  the  two  components  is  maximum  if 
f ract (a ) = 1/2 .  In  this  case,  the  lowest  possible  sample  rate 
which  gives  negligible  overlap  between  the  components  is 
f  =2W_.  This  limit  for  band-pass  waveforms  is  termed  the 
band-pass  sampling  theorem  [26], 

3.6.2  Frequency  Shifting 


Consider  the  digital  demodulator  shown  in  Fig.  3.9.  If 
f  and  f^  are  related  by  relatively  prime  integers  p  and  q 
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Fig.  3.19.  Replicated  spectral  components  in  the  range  from 

-f  /2  to  +f  /2  a)  Even  int(a)  b)  Odd  int(a) 
a  a 

as 


f a  =  qfd/p  (3.139) 

then  the  required  values  of  the  complex  rotator  indexed  by  i 
are 

exp{- j2iTip/q}  (3.140) 

If  q=4 ,  the  values  taken  on  by  the  rotator  are  in  the 
set  {1,-j,-1,j}  with  the  ordering  being  determined  by  the 
value  of  p. 

Since  p  and  q  are  relatively  prime  if  q  equals  4,  this 
implies  that  p  is  odd.  Thus, 


(3.141) 
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giving  a=p/2  with  f ract (a )=l/2 .  If  the  input's  band-pass 

components  are  centered  at  and  -f^  and  have  bandwidth  Wg, 

the  smallest  value  of  f  that  should  be  used  is  2WD. 

a  d 

Prudence  dictates  that  a  value  at  least  3  times  2Wg  should 
be  used. 

The  Q  of  the  input  waveform  is 


°i  -  VWB 


(3.142) 


Then,  since  fa>2Wg  and  fa=4f^/p,  the  value  of  p  is 
restricted 


p<2Qi  (3.143) 

If  a  safety  factor  of  3  is  used,  the  restrictions  on  p 
for  q=4  are 

pis  odd  (3.144) 

P  <  2Qi/3 

If  p= 1 ,  the  samples  of  the  input  waveform  are 
multiplied  by  the  sequence  of  numbers 

1,  -j,  -1,  j,  1,  -j,  -1,  j  ,  ...  (3.145) 

If  p=3,  the  input  samples  are  multipled  by 

j  f  “If  "j,  1,  j,  -I,  “j,  ...  (3.146) 

3.6.3  Filtering  and  Resampling 

The  purpose  of  the  filter  at  the  demodulator  output  is 
to  reject  the  -2f^  component  in  the  frequency  shifted 
waveform  and  to  somewhat  limit  the  noise  bandwidth.  It  is 
assumed  that  the  demodulator  is  primarily  a  frequency 
shifting  device  and  that  any  specialized  filtering 
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operations  are  performed  in  the  processing  steps  applied  to 
the  demodulated  sample  values. 

The  easiest  filter  to  implement  at  the  demodulator 
output  is  the  simple  sum  and  dump  filter.  This  filter  is 
used  to  sum  N  suitably  weighted  input  samples.  Once  N 
values  have  been  summed,  the  result  is  made  available  to  the 
later  processing  stages  and  the  sum  accumulator  set  to  zero. 
The  resulting  output  sample  rate  is  then  exactly  1/Nth  the 
input  sample  rate. 

The  filter  transfer  function  is 


sin ( uNf /f  ) 

H(f)  =  exp(jir(N-1)f/fa)  sin(^7f-y  (3.147) 

In  order  to  reject  the  -2f^  component,  requires  that 

sin  ( 2irNf  ,/ f  ) 

lH<-2td>l  ~  I  STnTWI J  '  -  0  (3-U8) 

a 

The  values  of  f,  and  f  were  restricted  in  the  last 

a  a 

section  to  be  such  that 

f d  =  Pfa/4  (3.149) 

where  p  is  an  odd  integer.  Substituting 

lH("2£d>  I  -  I  Ssin?Trp/l )  '  ’  |sin(*Np/2>|  (3.150) 

This  is  equal  to  zero  if  Np  is  even.  Since  p  is  odd, 
the  value  of  N  must  be  even  in  order  to  place  a  zero  of  the 
filter  transfer  function  at  -2f^. 

In  many  instances,  either  the  input  filter  and/or  the 
A/D  converter  used  to  digitize  the  input  waveform  has  a  dc 
offset  associated  with  it.  After  the  frequency  shifting, 
any  such  dc  component  is  shifted  to  -f^.  This  line  can  be 
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suppressed  by  selecting  N  such  that  |H(-f^)|=0. 

lH<-£d>l  -  I5sinug/4)l  '  2,/2|sin(„Np/4)|  (3.151) 

This  equals  zero  if  N  is  a  multiple  of  4. 

The  spectrum  of  the  resampled  waveform  at  the  filter 
output  can  be  determined  in  terms  of  the  spectrum  at  the 
filter  output  assuming  a  sliding  summation  filtering 
operation  over  the  most  recent  N  input  samples  at  rate  f  . 

Let  S(f)  be  the  spectrum  in  the  range  from  -f  /2  to 
+f  /2  at  the  filter  output.  The  replicated  spectrum  is 

S(f+if  )  (3.152) 

3 

The  spectrum  upon  reconstruction  using  the  zero  order 
hold  is 


00 


i  =  -oo 


sin  ( irf /f  a ) 


00 


V 

/ 


S  (  f  +  i  f  ) 

3 


The  spectrum  upon  resampling  at  rate  f^  is 


(3.153) 


sin(ir(f+kf.  )/f  ) 

£b  /  /  S(f  +  ifa  +  kfb)  (3.154) 

k—  i—  b  a 

As  a  check  on  the  above  equation,  f^  will  be  set  to  be 
an  integer  sub-multiple  of  f^.  The  above  equation  should 
simplify  to  yeild  the  same  spectrum  that  would  have  been 
obtained  if  the  original  waveform  had  been  sampled  at  rate 

f  b  ’ 

Let  ^b=^a//^  where  N  is  an  integer  and  interchange  the 
order  of  summation  to  get 
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CD  00 


v —  sin(ir( f+kf,  )/(Nf ,  ) ) 

£b  2_  L  «(t*ktb)/(Ntb)  S  (  £+  ( IN+k )  f  b>  (3.  155) 

i  =  -oo  k=-c° 


Let  k'=k+iN  substitute  and  drop  the  primes  and  again 
interchange  the  order  of  summation  to  obtain 


£b  7”  S(£+kfb)sin(T(£H.k£b)/(N£b)))~  f+k£~  i/Nf 


k  =  -oo 


1  =-00 


(3.156) 


The  sum  on  i  is  equal  to  1/sin(ir(f  +  kf^)/Nf^)  giving  the 
result  for  the  spectrum  upon  resampling  with  f f a/K 


fb  y  S(f+kfb)  (3.157) 

k  =  -co 

When  the  ratio  of  sample  rate  to  resample  rate  is 
integer,  the  spectrum  of  the  resampled  waveform  can  be  found 
by  simply  replicating  with  spacing  fb  the  spectral  region 
from  -f  /2  to  +f  /2  in  the  original  sampled  spectrum. 


CHAPTER  4 


TIME  COMPRESSION  USING  LINEAR  MAXIMAL  SEQUENCES 


The  acoustic  transducers  used  in  making  propagation 
measurements  in  the  ocean  are  electrically  and  mechanically 
limited  in  the  amount  of  peak  power  that  they  can  put  into 
the  water.  This  in  turn  limits  the  amount  of  energy  that  a 
single  pulse  of  a  given  duration  can  contain.  Because 
signals  propagating  in  the  ocean  experience  spreading  and 
absorbtion  losses,  there  is  a  limit  to  the  range  at  which  a 
single  pulse  can  be  detected  before  it  becomes  lost  in  the 
noise . 


One  method  of  extending  this  range  is  to  transmit  a 
periodic  pulse  and  coherently  average  the  receptions  from 
several  periods.  The  received  signal-to-noise  ratio 
increases  directly  with  the  number  of  periods  averaged 
together.  The  number  of  periods  that  can  be  usefully 
averaged  together  is  limited  by  clock  drift,  mooring  motion 
and  the  stability  of  the  path  structure.  The  time 
separation  between  pulses  should  be  greater  than  the 
expected  arrival  spread. 

The  energy  contained  in  the  transmitted  waveform  can  be 
further  increased  thru  the  use  of  a  periodic  pulse 
compression  waveform  instead  of  a  single  periodic  pulse. 
Each  period  of  the  pulse  compression  waveform  consists  of  a 
set  of  L  individual  pulses  which  have  been  amplitude  and/or 
phase  modulated.  The  modulation  is  carefully  chosen  so  that 
at  the  receiver,  it  is  possible  to  collapse  the  energy 
contained  in  the  L  pulse  positions  into  a  more  energetic 
equivalent  single  pulse.  If  this  is  correctly  done,  there 
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is  an  increase  in  the  signal-to-noi se  ratio  which  is 
proportional  to  L. 

In  section  4.1,  a  time  spread  waveform  is  constructed 
by  weighting  L  shifted  versions  of  a  periodic  pulse  and 
summing.  The  shifts  used  are  multiples  of  the  period 
divided  by  L.  The  resulting  waveform  is  uniformly  sampled 
ML  times  per  period.  It  is  found  that  the  DFT  of  the 
sampled  waveform  decomposes  into  the  product  of  the  DFT  of 
the  sampled  base  pulse  waveform  and  the  DFT  of  the  weights. 
This  factoring  allows  the  choice  of  the  weights  to  be 
studied  independently  of  the  chosen  pulse  waveshape.  A 
quantity,  the  signal-to-noise  ratio  improvement  factor 
(SNRIF),  is  defined  which  relates  the  improvement  in  the 

signal-to-noise  ratio  provided  by  the  pulse  compression 

waveform  over  the  single  periodic  pulse.  It  is  shown  that 
the  SNRIF  is  maximized  if  the  lines  in  the  DFT  of  the 
weights  have  equal  magnitudes.  By  restricting  the  weight 
values  to  a  maximum  magnitude  of  one  in  order  to  reflect  the 
peak  power  transducer  limitation,  the  maximum  improvement  in 
the  signal-to-noise  ratio  over  a  single  periodic  pulse  is 
found  to  be  L.  Pulse  compression  processing  can  be 
performed  in  the  time  domain  as  well  as  in  the  frequency 

domain.  Using  the  inverse  transform  of  the  reciprocal  DFT 

of  the  weights,  it  is  shown  how  the  equivalent  time 
operations  can  be  performed.  Because  the  waveform  is 
sampled  M  times  per  pulse  interval,  the  time  processing  can 
be  divided  into  M  independent  operations  on  interleaved  data 
sets.  The  time  compressed  time  waveform  is  constructed  by 
merging  the  individual  results.  The  interleaved  data  sets 
used  in  this  approach  are  equivalent  to  those  obtained  by 
sampling  the  reception  once  per  digit  interval.  Because  of 
this,  it  is  reasonable  to  study  the  effects  of  time  domain 
processing  on  the  basis  of  one  sample  per  pulse  interval. 
This  is  the  approach  taken  in  the  remainder  of  the  chapter. 

Section  4.1  establishes  conditions  that  must  be 
satisfied  in  order  to  achieve  pulse  compression  and  provides 


101 


a  means  of  evaluating  the  effectiveness  of  sets  of  pulse 
weightings.  Section  4.2  considers  the  use  of  binary  linear 
maximal  sequences  as  a  basis  for  selecting  weight  values. 
The  section  starts  with  a  brief  introduction  of  the 
properties  of  interest  and  describes  two  canonical  methods 
of  generation.  It  is  shown  how  these  sequences  can  be  used 
to  amplitude  and/or  phase  modulate  a  carrier.  The 
autocorrelation  function  of  the  resulting  baseband 
representation  is  derived.  An  expression  for  the  SNRIF  is 
derived  in  terms  of  the  autocorrelation  function.  In  order 
to  compare  different  modulation  schemes,  the  concept  of 
efficiency  is  introduced.  This  is  the  amount  of  improvement 
in  signal-to-noise  ratio  obtained  by  a  given  modulation  as 
compared  to  the  maximum  possible  for  the  same  amount  of 
energy  per  period.  Several  popular  modulation  schemes  are 
compared  on  the  basis  of  their  SNRIF  and  efficiency. 
Because  the  length  of  linear  maximal  sequences  is  one  less 
than  an  integer  power  of  two,  it  is  awkward  to  pulse 
compress  waveforms  based  on  them  using  frequency  domain 
processing  techniques.  Using  sequences  whose  lengths  are 
integer  powers  of  two  would  allow  the  use  of  fast  DFT 
algorithms  to  perform  the  pulse  compression  processing  in 
the  frequency  domain.  One  method  of  generating  sequences  of 
the  desired  length  is  to  add  an  additional  digit  to  linear 
maximal  sequences.  A  performance  measure  termed  "non¬ 
flatness  loss"  is  introduced  and  used  to  evaluate  the 
performance  of  these  augmented  sequences.  Results  from  a 
computational  survey  of  such  augmented  sequences  are 
included . 

Section  4.3  develops  algorithms  for  correlation 
processing  of  transmissions  that  have  been  time  spread  using 
linear  maximal  sequences.  The  two  level  autocorrelation 
function  of  these  sequences  allows  the  development  of 
correlation  algorithms  which  primarily  use  add  operations. 

The  material  in  Section  4.4  consists  of  odds  and  ends 
concerning  the  use  of  time  spread  waveforms.  Section  4.4.1 
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considers  the  effects  of  neglecting  the  correction  of  the  dc 
line  using  correlation  processing.  Section  4.4.2  considers 
the  effects  of  incorrectly  matching  the  modulation  angle 
direction  when  using  complementary  phase  modulation. 
Section  4.4.3  contains  a  list  of  correction  factors  useful 
for  processing  CPM  based  waveforms.  Section  4.4.4  lists  the 
number  of  times  that  ones  and  zeros  line  up  when  forming 
linear  maximal  based  cross  correlations. 


4 . 1  Time  Spreading  and  Its  Removal 


The  class  of  time  spread  waveforms  considered  here  are 
constructed  by  summing  L  weighted  shifted  versions  of  a 
periodic  pulse  waveform  p(t).  The  weights  {w^}  are 
restricted  to  having  magnitudes  less  than  or  equal  to  one  in 
order  to  account  for  the  transducer  peak  power  limit.  The 
shifts  are  constrained  to  be  multiples  of  T  seconds  with  the 
overall  period  being  LT  seconds. 

Consider  the  noisy  reception 


L-  1 

r(t)  =  y  w^p(t-iT)  +  noise(t)  (4.1) 

TTO 

The  noise  is  modeled  as  being  a  stationary  random 
process  with  white  spectrum  and  sample  variance  V  .  Samples 
are  taken  uniformly  at  a  rate  of  M  samples  every  T  seconds. 
The  resulting  sample  values  are 

L-1 

r(n^)  =  /  wi.P(nR  “  iT^  +  noise(nj^)  (4.2) 

1T0 

It  is  convenient  to  express  all  times  in  terms  of  the 

rp 

time  step  index  g  and  suppress  the  actual  time  step  value. 
This  gives 
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L-1 

r(n)  =  y  w^p(n-iM)  +  noise(n)  (4.3) 

T^O 

Consider  a  data  set  made  up  of  ML  samples.  It  is 
assumed  that  the  signal  is  active  while  the  samples  are 
being  taken.  This  is  to  avoid  end  effects  at  signal  turn  on 
and  turn  off.  In  practice,  the  time  interval  to  be 
processed  is  surrounded  by  guard  zones  where  the  signal  is 
active . 

Taking  the  DFT  of  ML  samples  of  r(n)  gives 
ML- 1  L-1 

R(k)  =  x  w^p(n-iM)exp(- j2TT^)  +  noise1  (4.4) 

n=0  i=0 

As  the  analysis  proceeds,  the  form  of  the  noise 
contribution  changes.  These  forms  will  be  indexed  at  each 
step.  At  the  end  of  the  analysis,  the  expected  value  of  the 
magnitude  squared  of  the  final  noise  term  will  be  evaluated 
and  used  to  determine  the  resulting  signal-to-noise  ratio. 

Let  n'=n-iM,  substitute,  drop  the  primes  and  re-group 
terms  to  obtain 

ML-  1  L-  1 

R(k)  =  (j^l-  p(n)exp(- j2ir^) )  (  )  w^exp(- j2ir^) )  +  noise1 
n=0  i=0 

(4.5) 

=  LP(k)W(k)  +  noi se 1  (4.6) 

The  signal  portion  of  the  spectrum  factors  into  the 
product  of  the  transform  of  the  periodic  pulse  and  the 
transform  of  the  weight  values.  This  factoring  allows  the 
effect  of  the  weights  to  be  studied  independently  of  the 
pulse  waveshape. 

Divide  the  DFT'd  data  by  W(k).  Remember  that  the  w^ 
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have  to  be  chosen  so  that  W(k)^0  for  any  k. 

^|||  =  LP(k)  +  noise2  <4'7) 

Take  the  inverse  DFT  to  obtain  sample  values  of  the 
pulse  compressed  result 

DFT_1(WT¥T)  =  LP(n)  +  noise3  (4.8) 

The  noise  contributions  have  been  DFT'd,  the  resulting 
DFT  divided  by  W(k)  and  this  result  then  inverse 
transformed.  Assuming  the  noise  values  are  independent  and 
identically  distributed  with  sample  variance  V  ,  the 
variance  of  the  processed  noise  samples  can  be  shown  to  be 
equal  to 


V 


L-1 

n  V” 

L  / 

k  =  0 


1 


(4.9) 


W(k)W  (k) 


The  signal-to-noise  ratio  of  the  pulse  compressed 
sample  values  is 


S,  x  _  L2p(n)p*(n) 

*  vn  6=1  , 


(4.10) 


L  / 


k  =  0 


W(k)W  (k) 


Since  the  signal-to-noise  ratio  of  the  sample  values  of 
a  single  pulse  is 


\  p(n )p* (n ) 
N  n  =  - 


(4.11) 


the  improvement  in  the  signal-to-noise  ratio  due  to  the  time 
spreading  and  collapsing  is 
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SNRIF  =  L-1  (4.12) 

V”  1 

^  W(k)W*(k) 


The  signal-to-noise  ratio  improvement  factor  is 
maximized  by  choosing  the  to  minimize  the  value  of  the 
denominator.  Keep  in  mind  that  the  maximum  magnitudes  of 
the  were  restricted  to  be  less  than  or  equal  one.  This 
was  done  because  the  transducer  was  assumed  to  be  peak  power 
limited. 

Using  Parseval's  theorem  to  relate  the  energy  in  the 
weights  and  their  transform  gives 


L-1  L-1 

I)  /  wiwi *  =  /  W(i)W*(i)  =  E  <  1 

J  1T0  TTO 


(4.13) 


Subject  to  this  constraint,  the  {W(k)}  which  minimize 
Eq.  4.9  is  desired.  This  is  equivalent  to  minimizing  the 
function 


L-  1 


f (xQ, . . . ,xL-1 )  -  ^ ^  2 
subject  to  the  constraint 


T^O  xi 


g ( Xq , . . . , Xl_ i )  —  — E 


L-1 


/  Xi 


=  0 


i  =  0 


(4.14) 


(4.15) 


Using  the  method  of  Lagrange  multipliers  [32]  form 


F ( Xq , . . . ,xL_1 )  =  f ( . )  +  xg( . ) 

L-  1 

-  -*E  +  7”  <-*5  +  Xxi2) 

T^o  x  i 


(4.16) 
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Taking  partial  derivatives  and  setting  them  equal  to 

zero 


2  Ax  ^ 


0 


(4.17) 


1  •  2 
Which  gives  A  =  — x-  This  can  only  be  true  if  the  x. 

V 

are  all  equal.  In  this  case  then 


W(k)W*(k)  =  x i 

2  E 

L 

(4 

.18) 

The 

signal-to-noise  ratio 

improvement 

factor 

i  s 

maximized 

if 

the  spectrum  of 

the  {w^}  is 

white. 

Any 

deviation 

from 

a  uniform  spectrum 

reduces  performance. 

The 

value  of 

the 

maximized  signal- 

to-noise  ratio 

improvement 

factor  is 

SNRI F  „  =  L  (4.19) 

max 

The  signal-to-noi se  ratio  increases  linearly  with  the 
number  of  digits  in  the  pulse  compression  code. 

«i<  1 

Given  that  W(k)W  (k)  =  any  number  of  sets  of  can 
be  found  that  yield  the  maximum  possible  improvement  in 
signal-to-noise  ratio.  In  practice,  trade-offs  are  made 
between  ease  of  waveform  generation,  processing  and  other 
experimental  considerations  when  choosing  the  {w^}  to  be 
used.  The  class  of  waveforms,  binary  linear  maximal 
sequences,  has  been  utilized  with  great  success  and  is  the 
topic  of  the  next  section. 

In  the  above  analysis,  pulse  compression  was  achieved 
by  taking  the  DFT  of  one  period  of  the  reception  and 
dividing  by  the  DFT  of  the  sequence  of  pulse  weights  {w^}. 
Pulse  compression  can  also  be  achieved  through  the 
equivalent  time  operation  of  convolving  the  reception  with  a 
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stored  reference  waveform.  Depending  on  how  the  reference 
waveform  is  defined,  this  process  is  also  called  replica 
cross  correlation.  Normally,  because  of  the  existence  of 
fast  DFT  techniques  which  make  frequency  domain  operations 
more  time  efficient  than  the  corresponding  time  domain 
operations,  one  seeks  to  avoid  working  in  the  time  domain. 
However,  there  are  conditions  under  which  time  domain 
operations  can  compete  favorably  with  frequency  domain 
operations.  In  particular,  when  the  {w^}  correspond  to  the 
digits  in  an  unmodified  binary  linear  maximal  sequence,  the 
correlation  of  a  reception  against  the  stored  reference  can 
be  implemented  by  "multiplying"  the  reception  samples  by 
zeros  and  ones  or  plus  and  minus  ones.  A  separate 
calculation  may  be  needed  in  order  to  correct  the  dc  line. 
In  many  cases,  the  size  of  the  program  used  to  perform  the 
correlation  is  more  compact  than  the  code  needed  to  form 
DFT's  and  the  local  reference  can  be  generated  as  needed. 

Earlier  in  this  section,  it  was  shown  that  in  the  noise 
free  case  the  DFT  of  the  sampled  reception  can  be  written  as 
the  product  of  the  DFT  of  the  samples  of  the  basic  pulse 
waveform,  p(t),  and  the  DFT  of  the  weighting  sequence  used 
for  time  spreading. 

R(k)  =  LP( k )W( k )  (4.20) 

In  order  to  time  compress  the  reception,  a  filter  whose 
transfer  function  is 


1 

WlTcT 


W*(k) 

|w(k) | 2 


(4.21  ) 


is  used.  Recall 
of  the  W(k)  have 


that  the  w^  are  restricted  such 
zero  magnitudes. 


that 


none 


Let 


W  (k) 


108 


W(k) 

| W( k ) | 2 


(4.22) 


and  let  w^'  represent  the  values  taken  on  by  the  inverse 
transform  of  W'(k). 

The  DFT  of  the  output  of  the  pulse  compression  filter 
in  the  noise  free  case  can  be  written  as 


H  ( k )  =  f 


L-1 
1  \ 


ML-  1 


L  /  wi’*exp(  +  j27riT>Mf;  /  r(n)exp(-j2Ti^) 

T^O  n=0 


i  k  x  1 


nk  ■ 


(4.23) 


L-1 


ML-1 


1 

ML 


,  ,  * 
2  /  Wi 


,  \  (n-iM)kv 

r  (n)exp(-]2TT - ^ — ) 


(4.24) 


i=U 


n=0 


Let  n'=n-iM,  substitute,  drop  the  primes  and  use  the 
fact  that  the  transmitted  waveform  is  periodic 


ML-1  L-1 


H ( k )  =  jjjr  }  ^(/  wi'*r(n+iM))exp(-j2irg§) 

n=0  i=0 


(4.25) 


That  is,  H ( k )  is  the  DFT  of  the  sequence 


L-  1 

h(n)  =  ^  Y~  Wi'*r(n  +  iM)  (4.26) 

1T0 

The  indices  of  the  input  sample  values  are  stepped  by  M 
in  the  above  correlation  sum.  Since  there  are  ML  sample 
values  per  data  set  and  the  indices  are  being  computed 
modulo  ML,  there  are  in  effect  M  cyclic  correlations  of 
length  L  being  formed. 

Let  n=qM+m  when  0<q<L-l  and  0<m<M- 1 .  Then  h(n)  can  be 
written  as 
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L-  1 

h(qM+m)  =  jr  ^  w^ ' *r ( (q+i )M+m)  (4.27) 

iTO 

This  equation  verifies  that  the  ML  value  replica  cross 
correlation  can  be  implemented  as  M  individual  replica  cross 
correlations  of  L  values.  Define 

hm(q)  =  h(qM+m)  (4.28) 

rm(q)  =  r(qM+m) 


Then 


0<q<L-1  (4.29) 

0<m<M- 1 

The  steps  involved  in  using  replica  cross  correlation 
processing  for  pulse  compression  can  be  implemented  as 
follows : 

1.  Divide  the  ML  element  array  of  reception  samples  { r ( i )  } 

into  M  arrays  of  length  L.  The  m-th  array  consists  of 
values  {r(qM+m)},  0<q<L- 1 ,  0<m<M-1.  This  division  can 

be  accomplished  by  leaving  the  data  in  its  original  form 
and  properly  computing  index  values  in  the  following 
operations . 

2.  Correlate  each  of  the  M  arrays  against  the  sequence 


3.  Assemble  the  ML  value  array  of  pulse  compressed  values 
(h(n)}  from  the  M  correlation  arrays  by  reversing  the 
grouping  process  used  in  step  1 . 


L-  1 


V*>  =  r 


L  / 

1T0 


,  * 

w.  r  (q+i) 
i  m  ^ 
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Because  no  two  of  the  M  cross  correlations  share  any  of 
the  samples  of  the  reception,  the  correlations  can  be 
performed  essentially  in  place  using  a  single  auxiliary 
array  of  length  L. 

If  the  {w^}  used  to  time  spread  the  transmitted 
waveform  are  based  on  the  use  of  the  binary  linear  maximal 
sequences  described  in  the  next  sections,  the  multiplication 
in  the  correlation  can  be  made  as  simple  as  multiplying  by 
zero  and  one.  This  converts  the  correlation  into  simple 
summations.  An  adjustment  to  the  dc  level  may  also  be 
required . 

Since  there  are  (L+1)/2  ones  in  a  linear  maximal 
sequence,  the  number  of  add  operations  (usually  complex 
valued)  needed  to  accomplish  pulse  compression  is 


ML ( L+ 1 ) /2 


(4.30) 


For  the  Ocean  Acoustic  Tomography  Experiment,  L=127  and 
M=4 .  Thus,  32512  complex  additions  are  required  per 
multipath  response  computation. 

4 . 2  Linear  Maximal  Sequences 


In  the  previous  section,  it  was  shown  that  a  time 
spread  waveform  made  up  of  weighted  shifted  versions  of  a 
fixed  periodic  pulse  waveshape  could  be  collapsed  into  a 
single  more  energetic  version  of  that  waveshape  if  the 
weights  were  properly  chosen.  It  was  found  that  the 
spreading/collapsing  process  is  solely  a  function  of  the 
weights  and  is  independent  of  the  chosen  pulse  waveshape. 
No  consideration  was  given  as  to  how  to  choose  the  weights. 
This  section  describes  how  a  class  of  binary  bit  patterns 
called  linear  maximal  sequences  can  be  used  to  generate  such 
weights . 

A  binary  sequence  { a ^ }  is  said  to  be  a  (binary)  linear 
maximal  sequence  of  degree  n  if  it  satisfies  a  linear 


1 1 1 


recurrence 


n 

ak  =  y  ciak-i  ^m0(3  2)  (4.31) 

ITT 


and  has  period  L=2n-1  [17]. 

Linear  maximal  sequences  are  also  referred  to  by  the 
names  m-sequences,  and  pseudo-random  (or  PR)  sequences.  The 
properties  of  these  sequences  have  been  studied  by  a  number 
of  investigators  [17],  [16],  [33],  [18],  Linear  maximal 
sequences  can  be  generated  using  an  n-stage  binary  register 
memory  imbedded  in  a  feedback  network  made  up  of  modulo  two 
adders  ( exclusive-or  gates).  If  the  feedback  network  is 
properly  structured,  clocking  the  registers  causes  their 
contents  to  cycle  thru  the  states  corresponding  to  the 


counts 
ones  and 
shifted 


thru  2P-1  (but 
zeros  contained  in 
versions  of  each 


not  in  order).  The  sequences  of 
the  individual  registers  will  be 
other  and  will  be  periodic  with 


period  2n-1.  Many  different  feedback  arrangements  can  be 
used  to  produce  a  given  sequence  pattern.  Some  of  the  more 
regular  structures  have  been  termed  "canonical"  and  have  had 
their  properties  tabulated  [34].  Regardless  of  the  method 
of  generation,  a  sequence  is  uniquely  defined  by  the 
coefficients  of  the  recurrence  relation  (law)  that  it 
satisfies.  Lists  of  laws  corresponding  to  linear  maximal 
sequences  are  available  for  values  of  n  ranging  from  2  thru 
19  [35], [36].  For  a  given  value  of  n  having  a  "seed"  linear 
maximal  sequence  law,  it  is  possible  to  generate  the  other 
linear  maximal  sequence  laws  corresponding  to  that  value  of 
n.  The  number  of  linear  maximal  sequences  that  exist  for  a 
given  value  of  n  increases  rapidly  as  n  increases. 

Linear  maximal  sequences  possess  many  interesting  and 
important  properties.  The  two  properties  that  are  exploited 
in  the  remainder  of  this  chapter  are: 
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A  linear  maximal  sequence  of  degree  n  contains 
2n  1  ones  and  2n  -1  zeros. 

Let  { s ^ }  be  the  sequence  of  values  obtained  by 
taking  a  binary  linear  maximal  sequence  and 
replacing  the  binary  ones  with  the  value  -1  and 
binary  zeros  with  the  value  +1.  The  unnormalized 
periodic  autocorrelation  function  of  {s^}  is 


C  ( k ) 


L-1 


/ 

1T0 


sisi-k 


L  if  k=0 
-  1  if  k^O 


(4.32) 


Two  of  the  most  commonly  used  shift  register  generator 
configurations  are  shown  in  Fig.  4.1.  These  are  termed  the 
simple  shift  register  generator  (SSRG)  and  the  modular  shift 
register  generator  (MSRG) .  The  relation  between  the  input 
and  output  of  the  delay  stages  making  up  these  generators 
can  be  described  using  the  shift  operator  z  which  is  defined 


u(  j  )  =  zu( j- 1 ) 


(4.33) 


Using  the  shift  operator,  the  recursion  relations 
governing  the  generated  sequences  are  readily  determined 
[36]  . 

SSRG 

n 

(y  sn-izi)uo(j)  =  0  (4.34) 

T^O 


MSRG 


n 


0 


(4.35) 


so=1 


SUuju  1 


i’>  Lagi‘  2 


SUujo  n-1 


SUhjl'  n 


(a) 


m  , 
50=1 


m  / 

S1  / 

1  f 

— ► 

-1 

z 

— Kt>-^ 

z-i 

Stage  1 


Stage  2 


(b) 


Fig.  4.1.  Two  canonical  shift  register  generator 
configurations  a)  The  simple  shift  register 
generator  b)  The  modular  shift  register  generator 

The  sequences  generated  by  the  SSRG  and  the  MSRG  are 
described  by  the  same  recurrence  relation  if 


s 


s 

n-  i 


(4.36) 


s  m 

If  s^  =  s^  then  the  sequences  generated  by  these  two  generator 
forms  are  the  time  reverses  of  each  other. 

Using  the  delay  operator  the  recurrence  relationship 
used  to  define  a  linear  maximal  sequence  can  be  written  in 
the  form 


cnzn+cn_1zn  1+...+c1z+1  (mod  2)  (4.37) 

This  equation  is  also  referred  to  as  the  characteristic 

polynomial  or  law.  Only  a  subset  of  the  2n~2  possible 
polynomials  yield  sequences  of  maximal  length.  Determining 
which  polynomials  characterize  linear  maximal  sequences  is  a 
non-trivial  process. 


It  is  common  practice  to  refer  to  a  particular  sequence 
using  the  octal  representation  of  the  characteristic 
polynomial  coefficients  written  as  a  binary  number.  For 
example,  the  sequence  whose  coefficients  going  from  c^  down 
to  Cq  (=1)  is  10011101  would  be  named  235. 

Note  that  the  switch  settings  for  the  MSRG  correspond 
directly  to  the  coefficients  of  the  characteristic 
polynomial  and  that  the  SSRG  switch  settings  correspond  to 
the  coefficients  written  in  reverse  order. 

Linear  maximal  sequences  can  be  used  to  control  the 
amplitude  and/or  phase  modulation  of  a  carrier.  Each  bit  in 
the  sequence  is  used  to  select  the  waveform  state  during  a 
signaling  or  digit  interval  of  T  seconds.  This  can  be  done 
by  clocking  a  shift  register  generator  at  a  rate  of  1/T  Hz 
and  applying  the  output  of  one  stage  to  an  appropriate 
modulator.  It  is  not  necessary  to  match  the  digit  duration 
to  the  carrier  frequency  in  any  particular  manner.  However, 
it  is  very  desirable  to  make  the  digit  duration  correspond 
to  an  integer  number  of  carrier  cycles  because  this 
significantly  simplifies  the  equipment  and  procedures  used 
to  process  the  resulting  waveforms. 

An  amplitude  and  phase  modulated  carrier  can  be  written 
in  the  form 

r  (t)  =  a  ( t )  cos  (  2irf  t+©  ( t )  )  (4.38) 

C  W 

Substituting  the  complex  exponential  representation  of 
the  cosine  gives 

r  (t)  =  -  {exp(  j2irf  t  +  j©(t)  )+exp(-j2iTf  t-je(t)  ) }  (4.39) 

Using  the  Fourier  shifting  theorem,  the  spectrum  of 
rc(t)  consists  of  the  spectrum  of  a ( t ) exp( j© ( t ) ) /2  shifted 
from  dc  to  +f  and  the  conjugate  of  this  spectrum  shifted  to 
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When  the  bandwidth  of  a(t)exp( j 0 ( t ) )  is  sufficiently 
narrow  with  respect  to  f  so  that  there  is  negligible 
overlap  between  the  contributions  of  the  components  centered 
at  fc  and  -f  ,  the  relationships  between  components  in  the 
baseband  representation  translate  into  equivalent  relations 
in  the  spectrum  of  the  modulated  waveform.  This  narrow-band 
assumption  is  made  here. 

Let  p(t)  be  a  possibly  complex  valued  periodic  baseband 
pulse  like  waveform  with  period  LT  seconds.  A  baseband 
sequence  controlled  modulating  waveform  can  be  constructed 
such  that 


L-1 

r(t)  =  y  a^exp( j©^ )p(t-iT)  (4.40) 

1^0 

where  the  values  of  a^  and  are  selected  in  some  manner  by 
an  L  digit  time  spreading  sequence.  The  width  of  p(t)  is 
not  necessarily  constrained  to  equal  T. 

Since  p(t)  is  periodic,  the  appropriate  spectral 
representation  of  r(t)  is  obtained  using  Fourier  series. 


LT 

2 


R,  = 


_l_ 

LT 


/L-  1 

H 

ITo 


a^exp(  j©^  )p(t-iT)exp(- j2ir^)dt 


(4.41 ) 


-LT 

2 


Ri.  corresponds  to  the  complex  amplitude  of  the  spectral 

*  k 

line  at  frequency  =. 

Interchanging  the  operations  of  integration  and 
summation,  substituting  t'=t-iT,  dropping  the  primes  and 
rearranging  terms  gives  the  result 
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R 


k 


L-1 

*r 

ITo 


LT 

2 


a^exp(j©^)exp(-j2ir 


*±)}{-±  f 

LMlLT  I 


p(  t  )exp(- j2ir^)dt } 


-LT 

2 

(4.42) 


As  expected  from  the  results  in  the  preceding  section, 
the  spectrum  of  r(t)  is  the  product  of  L  times  the  DFT  of 
the  sequence  selected  parameters  and  tne  Fourier  series  of 
the  basic  modulating  pulse  waveform.  This  nice  result 
allows  the  effects  of  sequence  and  the  pulse  shape  to  be 
studied  separately. 

It  is  convenient  to  use  the  representation 


w^  =  a^exp(j©^)  =  as^+b  (4.43) 

where  a  and  b  can  be  complex  and  { s ^ }  is  the  linear  maximal 
sequence  based  +1,  -1  representation  introduced  earlier  in 
this  section. 

Because  the  transducer  is  considered  to  be  peak  power 
limited,  the  values  of  a  and  b  are  restricted  so  that  the 
magnitudes  of  the  resulting  w^  are  less  than  or  equal  to 
one . 

The  normalized  autocorrelation  function  of  {w^}  is 


/ ,  \  ^  /  L  +  1  \ 

C(k)  =  aa  (— 7— ) 


*  ,  *  L  *  V 

Ul*  aa  +ab  +a  b 
+  bb  -  - f - 


k  =  0 


(4.44) 


kb*-  aa  +ab  +a  b 


Mo 


The  DFT  of  C(k)  yields  the  power  spectrum  of  {w^}  which 
is  the  magnitude  squared  of  the  DFT  of  {w^}. 
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|W(k) 


2  _  (L-1 )C(^0)+C(0) 
L 


k  =  0 


(4.45) 


-  ClOlziliO)  Mo 

The  spectrum  of  the  {w^}  is  flat  ("white")  with  the 
possible  exception  of  the  dc  (carrier)  line.  Thus,  the 
power  spectrum  of  r(t)  corresponds  to  a  scaled  version  of 
the  power  spectrum  of  p(t)  with  a  possibly  altered  dc  value. 

Using  the  results  from  the  previous  section,  it  can  be 
shown  that  if  a  linear  maximal  sequence  is  used  to  cause 
time  spreading,  the  resulting  improvement  in  signal-to-noise 
ratio  at  the  receiver  with  respect  to  the  simple  pulse 
waveform  p(t)  is 


SNRIF 


L-  1 


1 

t W( k ) | 2 


(4.46) 


=  L{(L-l)C(/0)+C(0)}{C(0)-C(/0)]  (4  4?) 

(L-2)C(/0)+C(0) 

This  equation  must  be  used  with  care  since  it  includes 
any  gain  factors  which  might  have  been  built  into  the 
selection  of  the  values  of  a  and  b.  When  comparing  various 
modulation  schemes,  it  is  customary  to  set  the  maximum 
magnitudes  of  the  associated  as^+b  representations  equal  to 
unity  (peak  power  limited)  or  to  equate  the  energy  per 
sequence  period. 

The  efficiency  of  a  given  modulation  is  defined  as  the 
ratio  of  the  signal-to-noise  ratio  obtained  with  this 
modulation  divided  by  the  maximum  possible  signal-to-noise 
ratio  for  a  modulation  having  the  same  average  energy. 


118 


efficiency 


L-1 


L-1 


( 


/ 

k  =  0 


iw(k)  pH 


) 


(4.48) 


Since 


L-1 

J  |W( k) | 2  =  C ( 0 ) 

k^O 

(4.49) 

•  SNRIF 

efficiency  =  — - 

LC  ( 0 ) 

(4.50) 

Two  commonly  used  modulation  schemes  are  on/off  (AM) 
modulation  and  complementary  phase  modulation  (CPM) 

(constant  amplitude  with  the  phase  shifted  =  +  0).  The 
signal-to-noi se  ratio  and  efficiency  for  these  two  methods 
of  modulation  will  be  determined  assuming  a  maximum  value  of 
unity  for  the  w ^ . 

For  AM,  a=-1/2,  b=1/2.  This  gives 

C ( 0 )  =  m  (4.51) 

C(^0)  =  —;  =  C(0)/2  (4.52) 

Substituting 

2 

snrifam  '  -TIT-  (4-53) 

AM  efficiency  =  -i  +  ^  (4.54) 

For  CPM,  a=-jsin©,  b=cos©  which  gives 


C(0)  =  1 


(4.55) 
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C(^0) 


2  .  2 
Lcos  0-sin  © 


(4.56) 


Substituting 


SNRIF 


CPM 


(L+1 )sin2e(L2cos20+sin2e) 

L(L-l)cos2e+2sin2© 


(4.57) 


CPM  efficiency 


snrifcpm 

L 


(4.58) 


_  i  I  /o 

If  ©  is  chosen  equal  to  tan  (L  7  ),  then  the 
signal-to-noise  ratio  improvement  factor  is  equal  to  L  and 
the  efficiency  is  at  its  maximum  value  of  1. 

Two  commonly  used  CPM  modulation  schemes  use  values  of 

©  equal  to  45°  (named  complementary  modulation,  CM)  and  90° 
(named  bi-phase  modulation,  BM) . 

For  ©=45°,  the  signal-to-noise  ratio  improvement  factor 
and  efficiency  are 


SNRIF  = 


(L+ 1 ) (L  + 1 )  _  L+2 
2(L2-L+2)  ~  2 


(4.59) 


efficiency  C  j  ^ 


(4.60) 


If  the  peak  power  is  limited,  CM  provides  a  factor  of  2 
improvement  over  AM.  If  the  energy  per  transmission  is 
fixed,  then  AM  is  just  as  efficient  as  CM. 

For  ©=90°,  the  signal-to-noise  ratio  improvement  factor 
and  efficiency  are 


SNRIF 


L+1 

2 


(4.61 ) 


efficiency  =  ^ 


+ 


2L 


(4.62) 


120 


The  time  spreading  effect  of  a  linear  maximal  sequence 
can  be  removed  using  operations  in  either  the  frequency  or 
the  time  domain.  Because  the  sequences  are  periodic,  it 
would  appear  that  frequency  domain  operations  using  the  DFT 

are  preferred.  Unfortunately,  there  are  2n-1  digits  per 

sequence  period  rather  than  the  2n  which  would  allow  ready 
use  of  the  fast  Fourier  transform  algorithm.  Most  of  the 
values  of  L  are  factorable.  If  time  spread  removal  is  to  be 
performed  in  the  frequency  domain,  special  transform 
routines  are  needed  for  each  value  of  L.  The  factors  of 

L=2n-1  for  n=3  thru  12  are  tabulated  below. 


Table  4.1.  Factors  of  L  for  n=3,12 
n  L  factors 


3 

7 

none 

4 

15 

3,5 

5 

31 

none 

6 

63 

3,3,7 

7 

127 

none 

8 

255 

3,5,17 

9 

511 

7,73 

10 

1023 

3,11,31 

1  1 

2047 

23,89 

12 

4095  3 

,3,5,7,13 

Depending 

on  the  circumstances,  three 

viable  approaches 

to  collapsing 

a  reception  that  has  been 

time  spread  using 

linear  maximal 

sequences  have  been  found  to 

be : 

1 .  A  high  speed  array  processor  such  as  the  Floating 
Point  Systems  AP-120B  can  be  used  to  brute  force  form 
the  DFT  via  its  definition.  A  511  point  DFT  on  the 
AP-120B  using  the  definition  takes  only  0.35  seconds 


(or  about  0.054 

seconds 

if  a 

special  purpose 

FFT 

based  on  the 

factors 

7  and 

73  is  used) . 

Thi  s 

corresponds  to 

doing 

a  DFT 

"butterfly"  in 

1  .33 

microseconds . 

This 

is  useful  for  in  lab 

post 

processing  schemes. 
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2. 


Because  the  time 
of  +1  and  -1 
algorithms  for 
consist  mainly 
multiplications, 
effecient  for  va 
resulting  program 
is  useful  for 
acquistion.  This 
section . 


spreading  is  based  on  a  weighted  set 
values,  it  is  possible  to  develop 
replica  cross-correlation  which 
of  adds  with  relatively  few 
These  routines  can  be  made  fairly 
lues  of  L  even  as  large  as  511.  The 
code  can  be  made  very  compact  and 
on-line  processing  during  data 
approach  is  described  in  the  next 


3. 


Linear  maximal  sequences  can  be  discarded 


and 

the 


sequences  of  period  2  can  be  used.  This  allows 
use  of  fast  Fourier  transform  algorithms  to  speed  up 
the  frequency  domain  processing.  Unfortunately,  it 
can  be  shown  that  there  are  no  binary  sequences  of 
even  length  greater  than  two  which  possess  a  white 
spectrum  [17].  The  quest  then  is  to  find  sequences 
whose  spectra  are  close  to  being  white.  Because  the 
spectra  of  these  sequences  is  non-white,  there  will 
be  a  loss  in  SNRIF  compared  to  that  of  a  linear 
maximal  sequence  of  comparable  length.  The  trade-off 
here,  is  between  a  performance  loss  and  an  increase 
in  processing  effeciency.  If  one  is  already  using 
linear  maximal  sequences,  the  most  natural  class  of 
sequences  to  consider  are  linear  maximal  sequences 
which  have  been  augmented  by  adding  an  additional 


zero  bit.  This  addition  yields  a  balance  of  2n  ^ 

ones  and  2n  ^  zeros.  The  effect  of  this  augmenting 
varies  depending  on  the  sequence  involved  and  the 
phase  position  at  which  the  extra  bit  is  added.  From 
a  hardware  designer's  viewpoint,  one  of  the  easiest 
places  to  insert  the  extra  bit  is  just  after  the 
string  of  n-1  zeros  present  in  sequences  of  degree  n. 
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The  first  approach  is  useful  if  the  amount  of  data  to 
be  processed  is  not  overwhelming  and  an  array  processor  is 
available.  The  beauty  in  brute  force  is  that  it  usually 
works  well  and  gets  the  job  done. 

The  second  approach  has  been  extensively  used  in  data 
processing  programs  written  for  on-line  real-time  operation 
in  the  field.  This  approach  also  has  the  flavor  of  being 
brute  force.  The  cleverness  of  this  method  is  that  the 
computation  can  be  organized  such  that  the  majority  of 
operations  are  adds  and  subtracts.  Only  a  relatively  few 
multiplications  are  required.  This  approach  lends  itself 
nicely  to  implementation  in  special  purpose  correlation 
hardware.  Section  4.3  goes  into  this  approach  in  some 
detail . 

The  third  approach  is  particularly  useful  in  situations 
where  there  is  some  specific  need  to  work  in  the  frequency 
domain  rather  than  the  time  domain.  Using  a  time  spread 
waveform  to  calibrate  the  frequency  response  of  a  signal 
processing  system  is  one  possible  application.  A  trade  is 
made  between  performance  and  ease  of  processing.  The  cost 
is  often  less  than  3  dB  of  processing  gain.  Searching  out 
good  sequences  is  a  major  problem.  The  approach  proposed 
here  is  to  take  something  that  is  already  good  and  perturb 
it  slightly,  hoping  not  to  disrupt  "goodness"  too  greatly. 
The  result  is  that  a  set  of  sequences  have  been  found  that 
are  easy  to  generate  and  cost  less  that  3  dB  in  performance. 
Other  classes  of  sequences  remain  to  he  investigated. 

A  modified  form  of  the  efficiency  equation  termed  the 
non-flatness  loss  factor  can  be  used  to  evaluate  sequences. 
The  efficiency  equation  relates  the  performance  of  a  given 
sequence  and  modulation  to  the  maximum  possible  performance 
possible  using  the  same  energy  per  period.  Since  the  energy 
contained  in  the  carrier  line  can  be  controlled 
independently  of  how  the  remaining  signal  energy  distributes 
among  the  other  spectral  lines,  it  is  reasonable  to  exclude 
the  dc  term  from  the  efficiency  equation  when  evaluating 


123 


sequences  as  opposed  to  when  evaluating  methods  of 
modulation . 

The  non-flatness  loss  factor  is  defined  as 


NFLF 


L-1 

k=  1 


L-1 


jw(ur)( 


{rr  lw(kH 2 


> 


(4.63) 


Using 

the  representation  w. 

=asi+b, 

the  DFT  of  the  w 

sequence  can 

be  written 

in  terms 

of  the 

DFT  of  the  s 

sequence  as 

W(k)  = 

b  +  aS ( 0 ) 

aS  ( k ) 

k  =  0 

MO 

(4.64) 

Substituting  into  the  above  equation  for  the  NFLF  gives 


NFLF 


L2 

L-  1 

L-1 

r 

|S(k)|2)(f 

k=  1 

S  ( k ) 


(4.65) 


The  NFLF  is  independent  of  the  method  of  modulation. 

If  the  sequence  is  balanced  (contains  an  equal  number 
of  ones  and  zeros),  then  S(0)=0  and  by  Parseval's  theorem 


L-1 

J  | S ( k ) |2  =  1  (4.66) 

k=T 

Thus  for  balanced  binary  sequences 

L2 

NFLFb  =  -bl-j— J -  (4.67) 

V“  1 
ITT  |S(k)|2 


The  loss  due  to  adding  an  additional  zero  to  a  linear 
maximal  sequence  has  been  investigated  for  two  cases:  1) 
Adding  the  additional  zero  to  make  the  n-1  digit  run  of 
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zeros  into  an  n  digit  run  and  2)  Determining  the  optimal 
location.  The  results  of  this  study  are  tabulated  below  for 
n=5  thru  10 

Table  4.2.  Best  Augmented  LMS  NFLF  Values  for  n=5,10 


n 

law 

n-zero  NFLF 

law 

max  NFLF 

5 

57 

0.76 

57 

0.87 

6 

147 

0.70 

103 

0.74 

7 

21  1 

0.64 

357 

0.77 

8 

537 

0.64 

435 

0.67 

9 

1257 

0.59 

1  175 

0.67 

10 

3337 

0.54 

31  17 

0.62 

The  effect  on  signal-to-noise  ratio  in  dB  caused  by 
augmenting  is  found  by  taking  lOlog^g  of  the  NFLF  number. 
This  does  not  include  the  effect  of  power  splitting  between 
the  carrier  line  and  the  sidebands. 

4 . 3  Time  Spread  Removal  by  Cross-Correlation 

This  section  continues  the  development  of  correlation 
processing  for  time  spread  removal  that  was  introduced  at 
the  end  of  Section  4.1.  The  methods  outlined  here  are 
specific  to  the  use  of  linear  maximal  sequences  introduced 
in  Section  4.2. 

The  time  spread  waveform  is  a  weighted  sum  of  time 
shifts  of  a  basic  pulse  waveshape.  A  total  of  L  pulses  with 
separation  T  seconds  are  combined  to  form  the  transmitted 
waveform,  r ( t ) . 


L-  1 

r(t)  =  y  w^p(t-iT)  (4.68) 

1T0 

The  received  waveform  is  r(t)  plus  additive  noise  n(t). 
This  will  be  written 


rn(t)  =  r(t)  +  n(t) 


(4.69) 
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where  any  channel  gain  is  included  in  p(t). 

In  section  4.1  it  was  shown  that  if  r(t)  was  uniformly 
sampled  taking  ML  samples  per  period,  the  time  domain 
processing  could  be  divided  into  M  interleaved  cross¬ 
correlations  of  L  values  of  the  form 

L-  1 

h(q)  =  J  v*rn(q+i)  (4.70) 

T^O 

Because  of  the  number  of  summations  involved  it  is 
convenient  to  use  the  inner  product  notation 

d  L_1 

<x(i),y(i)>  =  x  (  i  )  y*  (  i  )  (4.71) 

7T0 

Using  this  notation 

h(q)  =  <rn(q+i),v^>  (4.72) 


and 


rn(q+i)  =  <p(q+i- j ) , w +  n(q+i)  (4.73) 

Substituting  the  expression  for  rn(q+i)  into  the 
expression  for  h(q)  gives 

h(q)  =  <<p(q+i-j ) ,Wj>, v^>  +  <n(q+i),v^>  (4.74) 

Because  periodic  waveforms  and  sequences  are  involved, 
it  can  be  shown  that 


«x  (  i- j  )  ,y*(j)>,z(i)>  =  <x(  i  )  ,<y*(  j  )  ,z*  (  i  +  j  )>  (4.75) 
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Applying  this  relation  to  Eq.  4.74 

h(q)  =  <p(q+i ) ,<w j , v*+ +  <n(q+i),v^>  (4.76) 

The  sequences  {w.}  and  {v^}  are  restricted  here  to 
being  linear  transformations  of  the  same  linear  maximal 
sequence  {s^}  as  defined  in  Section  4.2.  The  cross¬ 
correlation  of  {w.}  and  {v^}  then  becomes  a  linear 
transformation  of  the  autocorrelation  of  { s ^ } .  Since  {s^} 
has  a  two  level  autocorrelation,  the  cross  correlation  of 
{w^}  and  {v^}  is  also  two  level.  For  convenience,  the 
sequence  phases  used  to  generate  {w^}  and  {v^}  are  assumed 
to  be  such  that  the  cross-correlation  <wj»vi+j>  has  i-ts  peak 
value  for  j=0  and  its  off-peak  or  pedestal  level  for  all 
j^O.  Since  the  off-peak  values  are  identical,  the  notation 
<„  vj+1>  will  be  used  to  represent  this  value. 

Using  the  Kronecker  delta,  d^(i),  <wj'vi+j>  can  he 
written  as 

<wj'vi+j>  =  (<wj'vj>-<wj'vj+1>)dk(i)  +  <wj'vj+1>  (4'77) 

Substituting  this  into  Eq.  4.76  gives 

h(q)  =  p(q) (<Wj ,Vj>-<w^ ,Vj+1>)  +  <p(q+i ) , 1><w j , v j+ (4.78) 

+  <n(q+i ) ,v^> 

The  contribution  of  the  signal  to  h(q)  consists  of 
scaled  values  of  the  base  pulse  waveshape  plus  a  bias  term. 
The  bias  amounts  to  a  weighted  sum  of  the  samples  of  the 
pulse  waveshape  formed  over  one  period  and  is  a  constant 
independent  of  q.  Removing  this  bias  yields  the  desired 
time  collapsed  waveform. 

The  required  bias  correction  can  be  made  in  a  number  of 
Some  of  these  are 


ways . 
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A.  Cross-correlate  and  correct  the  result  based  on  the 
calculated  sum  of  the  input  samples. 

hc(q)  =  <rn(q+i),vi>  +  f1<rn(i),1>  (4.79) 

B.  Cross-correlate  and  correct  the  result  based  on  the 
calculated  sum  of  the  correlation  values. 

hc(q)  =  <rn(q+i),vi>  +  f 2<<rn(k+i ) ,vi>, 1>  (4.80) 

C.  Adjust  the  mean  value  of  the  samples  prior  to 
correlation  so  that  no  correction  is  required  after 
correlation . 


hc(q)  =  <rn(q+i )+f 3<rn( i ) , 1>,v^>  (4.81) 

D.  Demean  the  samples  prior  to  cross-correlation  and  add  in 
the  proper  correction  (based  on  the  sum  of  the  original 
values)  after  correlation. 

Vq>  =  <rn(q+i)  -  r<rn(i)  '  1>'vi>  +  f4<rn(i),1>  (4*82) 

E.  Choose  the  values  of  v^  so  that  no  correction  is 
required. 

hc (q)  =  h (q )  =  <rn(q+i),vi>  (4.83) 

Expanding  the  expressions  for  h(q)  for  each  method 

gives 

Method  A 

hc(q)  =  <r(q+i),vi>  +  f1<r(i)  ,  1> 

+  <n(q+i),v^>  +  f.<n(i),1> 


(4.84) 
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Method  B 


hc(q)  =  <r(q+i),vi>  +  f2<r( i ) , 1><1 ,v-> 
+  <n(q+i),v^>  +  f 2<n( i ) , 1>< 1 , v^> 


(4.85) 


Method  C 


hc(q)  =  <r(q+i),v^>  +  f 3<r ( i ) , 1><1 ,v^> 
+  <n(q+i),v^>  +  f 3<n{ i ) , 1><1 ,v.> 


(4.86) 


Method  D 


hc(q)  =  <r(q+i),v^>  -  ^<r ( i ) , 1 >< 1 , v^>  +  f^<r(i),1>  (4.87) 
+  <n(q+i),v^>  -  |Un  ( i ) ,  1><  1 ,  v^>  +  f^<n(i),1> 


Method  E 


hc(q)  =  <r(q+i),vi>  +  <n(q+i),v^> 


(4.88) 


Because  all  of  these  methods  correct  the  same  bias 
term,  the  correction  factors  f ,  thru  f ^  are  related  as 
follows : 


f 2  <1fvi> 

f  =  _ii_ 

3  <1,v.> 


(4.89) 


(4.90) 


L<1'vi> 


(4.91  ) 


Substituting  these  expressions  into  the  correlation 
equations  gives  for  methods  A  thru  D 
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hc(q)  =  <r(q+i),v^>  +  f1<r(i),1>  (4.92) 

+  <n(q+i),v^>  +  f^<n(i),1> 

It  now  remains  to  determine  f^. 

In  Eq.  4.78  the  values  of  the  signal  components  of  the 
hc(q)  correspond  to  scaled  values  of  p(q)  with  an  offset 
added.  This  offset  is  zero  if 

<p(q+i ) , 1><wj ,Vj+1>  +  f1<r(i) , 1>  =  0  (4.93) 

The  quantity  <r(i),1>  can  be  written 

<r(i),1>  =  <<p(q+i- j ) ,wt>, 1>  =  <p(q+i  )  ,<w!j ,  1>>  (4.94) 

=  <p(q+i ) , 1><w . , 1>  (4.95) 

Using  this  result  and  solving  for  f^  gives 

f.  =  -  u.96> 

<W j  ,  1> 

In  Section  4.2  the  representation 

Wj=aSj+b  (4.97) 

was  used  to  represent  the  linear  maximal  sequence  based 
modulation  weights.  The  s^  take  on  the  values  +1  and  -1  as 
the  underlying  sequence  takes  on  the  binary  zero  and  one 
states . 

Similarly,  the  reference  weights  {v^}  will  be 

represented  as 

vj=cSj+d  (4.98) 
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The  values  taken  on  by  the  autocorrelation  function  of 
the  { s j }  are 


<s  • ,  s  •>  =  L  (4.99) 

<Sj ,sj+1>  =  -1  (4. 100) 

Using  these  relations  and  the  representations  for  the 
Wj  and  the  Vj  gives 

<w  j ; v  j  >  =  c*(aL-b)  +  d*(bL-a)  (4.101) 

<w.,vj+1>  =  -c* (a+b)  +  d* ( bL-a )  (4.102) 

Substituting  into  the  equation  for  f  ^  gives 


c*(a+b)~d*( bL~a ) 
1  (bL-a) 


(4.103) 


Using  this  result  yields  the  expressions  for  the  other 
correction  factors. 


c* (a+b) -d* ( bL-a ) 

( bL-a ) (d*L-c* ) 


(4.104) 


ac* (L+ 1 ) 
4  LI bL-a) 


(4.105) 


Note  that  if  <wj'vj+i>=0  then  no  correction  is  required 
This  will  be  when  c  and  d  are  chosen  so  that 


in  Eq.  4.78 


d^  =  a+b  (4.106) 

*  bL-a 
c 

Once  the  bias  correction  has  been  made,  the  signal 
component  of  the  correlator  output  is 
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hc(g)  =  p(q)  (<Wj  ,  Vj>-<w  j  ,v  j  +  i>)  =  p(q)ac*(L+1)  (4.107) 

The  noise  term  can  be  written  as 
<n  (q+i  )  ,  v^>  +  f  ,j<n  (  i  )  ,  1>  =  <n  (q+i  )  ,v^>+f  ^<n  (q+i  )  ,  1>  (4.108) 

=  <n (q+i ) , v^+f *>  (4.109) 

If  the  noise  samples  are  independent  and  have  uniform 

variance  V  it  can  be  shown,  given  a  deterministic  set  of 
n , 

x(i)  values,  that 

E{<n( i ) ,x( i )><n( i) ,x( i )>*}  =  Vn<x ( i ) , x ( i ) >  (4.110) 

The  variance  of  the  correlator  output  values  is 


_  *  ^  £ 

V  =  V  <v . +f . , v . +f .> 
nc  nil'll 


(4.111) 


gives 


=  Vn {<v^ , v ^>+f i <v ^ , 1 >+f *< 1 , v £>+f i f *L }  (4.112) 

Substituting  the  appropriate  values  and  arranging  terms 


V  *  Vncc*(L*D(J£i  - 


( L+ 1 ) aa 


L(bL-a) (b*L-a*) 


(4.113) 


The  resulting  signal-to-noi se  ratio  is 


(L+1 )aa*p(q)p* (q) 


V  {^y±  - 
n  L 


(L+1 )aa’ 


L(bL-a) ( b*L-a* ) 


(4.114) 


This  depends  only  on  the  representation  chosen  for  the 
weights  used  in  generating  the  transmitted  waveform  and  does 
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not  depend  on  the  form  of  the  weights  chosen  for  use  in  the 
correlation . 

If  the  correlator  weights  are  restricted  as  indicated 
in  Eg.  4.106,  the  resulting  equations  for  the  signal 
magnitude  and  noise  variance  at  the  correlator  output  for 
Case  E  are  identical  to  Eq.  4.107  and  Eq.  4.113. 

Since  P L 1 9 1  corresponds  to  the  signal-to-noise 
n 

ratio  associated  with  a  sample  of  the  base  periodic  pulse 
waveshape  the  remainder  of  the  above  signal-to-noise  ratio 
equation  must  (and  does)  correspond  to  the  signal-to-noise 
ratio  improvement  factor. 

The  above  development  shows  that  there  are  few 
constraints  on  the  choice  of  the  correlator  weight  constants 
c  and  d.  If  they  are  not  matched  to  the  a  and  b  value,  the 
worst  that  can  happen  is  that  there  is  a  bias  to  be 
corrected  for.  Of  the  five  processing  plans  presented 
above,  four  include  such  a  correction.  Two  unexamined 
questions  at  this  point  are:  1)  how  does  one  select  values 
of  c  and  d  and  2)  which  processing  procedure  does  one  use? 
These  two  questions  will  now  be  addressed,  in  reverse  order. 

The  basic  processing  steps  in  the  five  methods  are: 


A.  Sum  data  values 
Correlate 

Adjust  the  bias  based  on  the  sum 

B.  Correlate 

Sum  the  correlation  values 
Adjust  the  bias  based  on  the  sum 

C.  Sum  the  data  values 

Adjust  the  data  values  based  on  the  sum 
Correlate 

D.  Sum  the  data  values 

Remove  the  data  mean  using  the  sum 
Correlate 

Adjust  the  bias  based  on  the  sum 

E.  Correlate  (c  and  d  must  be  properly  chosen) 
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Method  A  can  be  used  to  implement  a  sliding  correlator 
which  produces  a  new  correlation  value  each  time  a  new  input 
sample  becomes  available.  It  can  also  be  used  to  process  a 
single  reception  period  or  the  coherent  average  of  several 
periods.  If  integer  arithmetic  is  used,  the  processing  can 
be  organized  so  that  no  round  off  errors  occur  until  the 
final  bias  correction  is  made. 

Method  B  is  useful  when  processing  a  single  period  or 
the  coherent  average  of  several  periods.  Basing  the  bias 
correction  on  the  sum  of  the  resulting  correlation  values 
rules  out  its  use  in  sliding  fashion.  The  computation  of 
the  sum  can  be  incorporated  in  the  correlation  process.  The 
processing  can  be  organized  so  that  no  round  off  errors 
occur  until  the  last  stage. 

Method  C  is  useful  when  processing  a  single  period  or 
the  coherent  average  of  several  periods.  The  modification 
of  the  input  data  values  rules  out  its  use  in  sliding 
fashion.  Since  the  modification  intended  to  correct  the 
bias  is  made  prior  to  correlation,  there  is  a  possibilty  of 
round  off  problems. 

Method  D  is  also  a  non-sliding  processing.  The 
modification  of  the  input  data  values  prior  to  correlation 
rules  out  use  in  a  sliding  fashion.  This  method  makes  one 
more  pass  thru  the  data  than  do  the  above  three  methods  and 
thus  requires  more  program  code.  There  is  a  chance  for  a 
small  bias  to  be  added  due  to  round  off  errors  in  the 
demeaning  process. 

Method  E  can  be  used  in  sliding  and  non-sliding 
applications.  The  values  of  c  and  d  are  chosen  based  on  the 
input  modulation.  The  correlation  is  then  implemented  using 
the  definition.  If  brute  force  hardware  such  as  an  array 
processor  is  available,  it  is  possible  to  use  this  method 
with  virtually  no  cost  in  time  by  overlapping  the 
computation  with  I/O  operations. 

Methods  E  and  A  are  closely  related.  Depending  on  how 
the  values  of  c  and  d  are  chosen,  it  is  easy  to  organize 
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method  E  code  and  end  up  with  the  same  proceedure  that  would 
have  resulted  had  method  A  been  used  from  the  start. 

The  author  has  experience  using  methods  A,  D  and  E. 
Methods  A  and  E  implement  in  relatively  compact  code  and  can 
be  used  in  both  sliding  and  non-sliding  situations.  Method 
A  was  used  in  the  Spring  of  1983  to  sliding  process  86  hours 
of  reception  on  a  DM1200.  The  processing  time  was  about  3 
times  86  hours.  This  method  could  readily  be  cast  into 
hardware  which  would  provide  a  significant  increase  in 
speed.  Method  E  has  successfully  been  used  on  a  Floating 
Point  Systems  array  processor  and  required  significantly 
less  time  than  the  overhead  required  to  move  data  thru  the 
processing.  These  two  methods  are  the  author's  current 
favorites . 

Moving  on  to  the  question  of  how  to  select  the  values 
of  c  and  d. 

A  particularly  nice  set  of  values  is  c=-1/2  and  d=+1/2. 
Using  this  set  results  in  the  v^  taking  on  the  values  zero 
and  one  (directly  corresponding  to  zero's  and  one's  in  the 
binary  sequence).  These  values  do  not  require  any  special 
hardware  for  multiplication.  The  correlation  sum  becomes  a 
simple  sum  of  (L+1)/2  complex  values  corresponding  to  the 
values  selected  by  the  ones  in  the  sequence.  The  method  A 
correction  factor  is 


b ( L+ 1 ) 
1  2 ( bL-a ) 


(4.115) 


which  for  large  values  of  L  is  approximately  1/2. 

If  an  L  element  buffer  is  being  processed  in  cyclic 
fashion,  the  sum  value,  S,  can  be  computed  once  and  properly 
weighted.  The  result  is  then  added  to  the  correlation  sum 
formed  for  each  q  value.  For  0<q<L  the  expression  for  hc(q) 
i  s 
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hc(q)  = 


S  b(L+1) 

2 ( bL-a ) 


L-  1 

V 

/ 

1=0 


v*rnU-q) 


(4.116) 


where  the  indices  of  r  (  )  are  computed  modulo  L. 

The  total  number  of  complex  adds  required  is  ^(L+5). 
Only  one  complex  multiply  is  required. 

If  the  correlation  is  slid  along  a  continuous  input 
stream,  the  sum  can  be  updated  incrementally.  When  the 
correlation  is  advanced  one  position,  the  oldest  sample  is 
subtracted  out  of  the  sum  and  the  new  one  added  to  it.  The 
correlation  is  then  formed  using  the  above  equation  with  the 
indices  not  being  computed  modulo  L.  For  each  correlation 

value  produced,  a  total  of  -^^—+3  complex  additions  and  one 
complex  multiplication  are  required. 

Another  attractive  selection  for  c  and  d  is  c  =  -1  and 
d  =  0.  The  v^  values  are  then  +1  and  -1  corresponding  to 
one's  and  zero's  in  the  binary  sequence.  The  expression  for 
f  1  in  this  case  is 


„  _  (a+b) 

1  ( bL-a ) 


(4.117) 


which  is  on  the  order  of  1/L. 

This  set  of  c  and  d  values  requires  about  twice  the 
number  of  additions  that  was  required  for  c=-1/2,  d=+1/2. 

This  set  is  useful  in  performing  sliding  type  correlations 
if  one  is  insecure  about  maintaining  the  sliding  sum  used 
above.  The  correlation  sum  is  divided  into  two  sums:  one 
the  sum  of  those  values  selected  by  sequence  one's,  S  ^  ,  and 
the  other,  the  sum  of  those  values  selected  by  sequence 
zero's,  Sq.  The  correlation  value  is  then 

( S  i  +Sq  )  ( a+b ) 

( bL-a ) 


hc(q)  =  (SrS0) 


(4.118) 
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4 . 4  Odds  and  Ends 

This  section  contains  odds  and  ends  of  information 
about  correlation  processing  of  time  spread  waveforms  based 
on  the  use  of  linear  maximal  sequences. 

It  is  tempting  to  save  time  and  reduce  program  size  by 
not  making  the  bias  correction.  Section  4.4.1  considers  two 
sets  of  processing  weights  that  might  be  used  if  such  a 
short  cut  is  desired. 

One  of  the  many  possible  problems  that  can  occur  when 
using  sequence  based  waveforms  is  having  the  transmitter  and 
receiver  use  modulation  angles  which  are  conjugates  of  each 
other.  Section  4.4.2  examines  the  effects  of  getting  the 
angle  direction  wrong. 

Section  4.4.3  tabulates  the  values  of  f1  thru  f4  for 
CPM  modulation  and  the  two  most  likely  choices  of  processing 
parameters  c  and  d. 

It  is  often  useful  to  know  the  number  of  times  ones  and 
zeros  in  the  local  sequence  line  up  with  ones  and  zeros  in 
the  received  waveform.  Section  4.4.4  lists  these  numbers  as 
a  function  of  L. 

4.4.1  Ignoring  the  Bias  Correction 

Each  arrival  contributes  to  the  bias  level  in 
proportion  to  its  amplitude.  Arrival  amplitudes  must  exceed 
the  bias  level  before  they  can  be  guaranteed  to  cause  peaks 
instead  of  valleys.  If  the  bias  is  not  removed,  there  is  a 
limit  to  how  far  down  from  the  largest  arrival  peak  that 
small  arrivals  can  be  reliably  detected. 

The  signal  component  of  Eq.  4.78  is 

h(q)  =  p(q) (<wk^vk>'<wk^vk+i>)  +  <p(q+i) , 1><wk'vk+1>  (4,119) 

Assume  that  the  pulse  waveshape  is  zero  outside  of  the 
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interval  -^<t<+^.  Then  p(q)=p(0)  if  q=0  and  p(q)=0  for  all 
other  q.  With  this  constraint,  h(q)  becomes 

h(q)  =  p(q) (<wk'vk>_<wk,vk+1>)  +  p ( 0 ) <wk ' vk+ 1 >  (4.120) 

If  the  bias  correction  is  not  made,  then 

h ( 0 )  =  p(0)<wk,vk>  (4.121) 

h(^0)  =  p(0)<wk,vk+1>  (4.122) 

Arrivals  must  be  larger  in  magnitude  than  the  magnitude 
of  the  largest  arrival  multiplied  by 


i<wk 


'W 


(4.123) 


before  they  can  be  detected  with  any  reliability. 

Consider  a  CPM  transmission  generated  using  a=-jsin0 
and  b=cos0. 


Case  I 


The  reception  is  processed  using  weight  values  0  and  1. 
This  corresponds  to  c=-1/2  and  d=1/2.  Using  these  values 
gives 


h  ( 0 ) 

=  ^p(O) (L+1 ) (cos0+jsin0) 

(4.124) 

h(/0) 

=  ^p( 0 ) (L+ 1 )cos© 

(4.125) 

This  results  in  the  relation 


| bias |  =  | cos© | | peak | 


(4.126) 
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Using  the  Tomography  parameter  values  of  e=75°  and 
L=  1 27 ,  the  bias  level  is  11.7  dB  down  from  the  peak. 

Case  II 

The  correlation  is  performed  using  weights  +1  and  -1. 
This  corresponds  to  values  c=-1  and  d=0.  Using  these  values 
gives 


h(0)  =  p( 0 ) (cos©+ jLsin©) 

h ( t^O  )  =  p(  0  )  (cos©-  jsin©) 


This  gives  the  result 


i .  _  i  |  peak  | 

bias  =  -  ■■‘---—A - yT? 

( 1+(L2-1)sin2©) 1/2 


(4.127) 

(4.128) 


(4.129) 


For  the  Tomography  parameters  ©=75°  and  L=127,  the  bias 
level  is  down  41.8  dB. 


4.4.2  Conjugate  Mi smatch  on  CPM  Angle 

When  using  conjugate  phase  modulation  there  is  often  a 
nagging  worry  about  whether  the  transmitter  is  advancing 
phase  or  retarding  phase  when  the  controlling  sequence  is  a 
one.  The  net  effect  of  the  transmitter  and  receiver  going 
opposite  ways  is  the  presence  of  a  bias  in  the  processed 
results.  As  in  Section  4.4.1  this  bias  limits  the  ability 
to  see  small  arrivals. 

The  same  assumptions  about  pulse  width  that  were  made 
in  Section  4.4.1  are  also  made  here.  The  equation 
describing  the  uncorrected  correlator  output  is 

h(q)  =  p(q)  (<vVvk>'<vVvk+l>)  +  P(0)<wk'vk+1 


>  (4.130) 
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The  use  of  the  conjugate  angle  to  correct  for  the  bias 


term  amounts  to  adding  the  correction  term 
Doing  this  gives 

-p(0)<w*,vk+1>. 

hc ( 0 )  =  P(0) (<wk/Vk>-<w*,vk+1>) 

(4.131) 

hc(^0)  =  P(0)(<wk,vk+1>-<w*,vk+1>) 

(4.132) 

=  P(0)<Uk-w*)fvk+1> 

(4.133) 

For  CPM  w^=cos©- js^sin©.  Substituting  yields 

hc(0)  =  p(0) (-jsin©) (<s^,vk>-<sk,vk+1>)  (4.134) 

hc(/0)  =  p(0) (2jsin©)<sk,vk+1>  (4.135) 

Using  the  representation  vk=csk+d  gives 

<sk,vk>  =  c*L-d*  (4.136) 

<sk  '  vk+  1 >  =  ~(c*+d*)  (4.137) 

The  ratio  of  the  magnitude  of  the  bias  to  the  magnitude 
of  the  peak  value  is  then 


|hc(^0)| 


2 

c+d  | 

|c 

(L+1  ) 

(4.138) 


If  c=-1/2  and  d=1/2  (the  v^  take  on  the  values  0  and  1) 
then  for  L=127  the  bias  is  down  30.1  dB  from  the  peak. 

Using  c=-1  and  d=0  (the  vk  take  on  the  vaues  +1  and  -1) 

then  for  L=127  the  bias  is  down  36.1  dB  from  the  peak. 
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4.4.3  Correction  Factor  Expressions 

Complementary  phase  modulation  is  assumed.  The 
processing  uses  values  of  1  (one  in  the  sequece)  and  0  (zero 
in  the  sequence).  The  parameter  values  are: 


a=-jsin©  b=cos© 


The  resulting  equations  for  the  correction  factors  f1 
thru  f ^  defined  in  Section  4.3  are: 


(L+1 ) (L-itanQ) 

2 ( L2+tan20 ) 


(4.139) 


f 


2 


(L-jtan6) 

(L2+tan26) 


(4.140) 


(L+1 ) tan©( tanQ+jL) 

2L(L2+tan2©) 


(4.141) 


Complementary  phase  modulation  is  assumed.  The 
processing  uses  values  of  +1  (one  in  the  sequence)  and  -1 
(zero  in  the  sequence).  The  parameter  values  are: 


a=- j  sin©  b=cos©  c  =  -1  d=0 


The  resulting  equations  for  the  correction  factors  f1 
thru  f  defined  in  Section  4.3  are: 


f«  = 


f 2  ~  ^3 


(L-tan^Q) -j (L+1 ) tan© 

(L2+tan2©) 


(4.142) 


(L+1 )tan©(tan©-jL) 

L(L2+tan2©) 


(4.143) 
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4.4.4  Number  of  Times  Bit  States  Match 


When  working  with  linear  maximal  sequences,  it  is 
occasionally  useful  to  know  the  number  of  times  that  ones 
and  zeros  in  the  {w^}  weights  match  up  with  ones  and  zeros 
the  { v ^ }  weights.  Of  course,  this  is  the  most  useful 


in 


when  the  sequences  are  not  perfectly  aligned. 

The  small  table  given  below  lists  the  number  of  times 
bits  in  a  sequence  match  up  with  bits  in  a  shifted  version 


of  that  same  sequence, 
holds  for  all  phase 
[17]. 


This  is  independent  of  sequence  and 
shifts  except  the  matching  position 


Table 


4.3. 

Seque 

nee  Bit 

Match  Counts 

one 

one 

L+1 

4 

times 

one 

zero 

L+1 

4 

times 

zero 

one 

L+1 

4 

times 

zero 

zero 

L-3 

4 

times 

CHAPTER  5 


BEAM  FORMING 

Consider  an  array  of  N  hydrophones  across  which  a 
temporally  but  not  spatially  modulated  acoustic  wavefront  is 
propagating  from  a  fixed  direction.  Except  for  the  fixed 
time  delays  caused  by  the  wavefront  propagating  across  the 
array,  the  components  in  the  individual  hydrophone  outputs 
due  to  this  wavefront  are  identical.  By  properly  delaying 
the  hydrophone  outputs  and  summing  the  results,  an 
electrical  waveform  is  obtained  in  which  the  signal 
component  is  N  times  greater  than  in  the  output  of  a  single 
hydrophone.  Interfering  wavefronts  arriving  from  other 
directions  are  not  matched  to  these  delays  and  are  not  so 
enhanced.  The  net  result  is  that  the  signal-to-noise  ratio 
in  the  sum  is  larger  than  it  is  in  the  output  of  a  single 
hydrophone.  This  process  of  enhancing  the  signal-to-noise 
ratio  is  termed  beam  forming. 

This  chapter  describes  and  analyzes  three  methods  of 
implementing  digital  beamformers  for  use  at  frequencies 
below  500  Hz.  These  are:  1)  the  delay  and  sum  method,  2) 
the  demodulate,  delay  and  sum  method,  and  3)  the  phase  shift 
method . 

The  delay  and  sum  beamformer  is  a  direct  implementation 
of  the  process  described  above.  Because  true  delay  is  used 
and  because  the  speed  of  sound  in  the  ocean  is  essentially 
independent  of  frequency,  the  beamformer  gain  in  the 
direction  steered  by  the  chosen  delays  is  independent  of 
frequency.  However,  the  gain  off  of  the  steered  direction 
is  frequency  dependent  and  arrivals  from  directions  other 
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than  the  steered  direction  are  filtered  in  some  manner. 

Early  delay  and  sum  beamformers  used  electronic  delay 
lines  to  obtain  the  desired  delays  [37].  The  first  digital 
delay  and  sum  beamformer  appears  to  have  been  the  DIMUS 
(Digital  Multibeam  Steering)  system  of  Anderson  [38].  This 
early  system  clipped  the  individual  hydrophone  outputs  to 
one  bit  and  used  shift  registers  to  implement  the  required 
delays . 

In  a  digital  delay  and  sum  beamformer,  the  individual 
hydrophone  outputs  are  usually  sampled  using  a  fixed  clock 
rate.  Because  of  this,  sample  values  may  not  be  available 
at  the  exact  delays  required  for  beam  forming.  One  approach 
to  approximating  samples  with  the  required  delays  is  to  use 
the  sample  values  having  the  delays  closest  to  the  required 
delays.  Another  approach  is  to  use  some  method  of 
interpolation  [39].  Errors  in  the  time  delay  values  used  to 
form  beams  cause  grating  lobes  in  the  beamformer 's  spatial 
sensitivity  pattern  [25].  The  frequency  response  of  the 
beam  forming  process  is  also  affected  by  errors  in  the  delay 
times. 

In  designing  a  delay  and  sum  beamformer,  one  seeks  to 
use  as  low  a  sample  rate  as  possible  in  order  to  reduce  the 
delay  memory  requirements.  One  also  seeks  to  use  as  high  a 
sample  rate  as  possible  in  order  to  reduce  the  effects  of 
aliasing  and  of  errors  in  the  delay  times.  The  basic  design 
problem  is  to  balance  the  trade-offs  between  these 
conflicting  desires. 

If  the  signal  of  interest  is  a  band-pass  waveform,  the 
individual  hydrophone  outputs  can  be  demodulated,  delayed 
and  then  summed.  The  advantage  to  this  process  is  that, 
because  of  the  reduced  bandwidth  of  the  demodulated 
waveform,  the  accuracy  requirements  on  the  delay  times  ate 
reduced.  A  beamformer  which  operates  using  time  delayed 
demodulated  sample  values  is  termed  a  demodulate,  delay  and 
sum  beamformer.  A  description  of  how  such  a  beamformer  can 
be  implemental  using  interpolation  methods  is  contained  in 
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[40]. 

If  the  bandwidth  of  the  demodulated  waveform  is 
sufficiently  narrow,  it  is  possible  to  adequately 
approximate  the  required  delays  using  simple  phase  shifts. 
This  approach  to  beam  forming  is  termed  phase  shift  beam 
forming  and  is  commonly  used  in  radio  frequency 
applications.  A  beamformer  of  this  type  was  built  for  use 
in  the  audio  frequency  range  in  the  early  1970' s  and  was 
later  described  in  the  literature  [41], 

In  addition  to  the  above  three  methods,  beam  forming 
can  also  be  accomplished  in  the  frequency  domain  [42], 
However,  the  required  hardware  is  sufficiently  complex  to 
have  eliminated  this  approach  from  consideration  by  CEL. 

The  CEL  beamformer  project  was  not  entered  into  with  an 
open  mind.  The  intent  was  to  design  and  build  a  delay  and 
sum  beamformer  if  this  could  be  done  at  a  reasonable  cost. 
The  two  driving  requirements  were:  1)  the  input  filtering 
had  to  be  lowpass  and  not  depend  on  the  demodulation 
frequency  and  2)  the  unit  had  to  support  simultaneous 
operation  at  multiple  demodulation  frequencies.  The  time 
delay  beamformer  was  felt  to  be  the  best  approach  by  which 
these  goals  could  be  attained. 

The  method  of  delay  and  sum  beam  forming  is  studied  in 
Section  5.1.  The  coordinate  system  used  in  the  remainder  of 
this  chapter  is  described  first.  Next,  the  concept  of  the 
beam  pattern  is  introduced.  The  beam  pattern  describes  the 
sensitivity  of  the  beamformer  as  a  function  of  arrival 
angle,  steering  angle  and  frequency.  The  beam  pattern  is 
useful  in  determining  the  effects  of  pointing  errors  on  the 
desired  reception  and  the  sensitivity  to  undesired  waveforms 
arriving  from  directions  other  than  the  one  in  which  the 
beamformer  is  steered.  The  beam  pattern  can  be  combined 
with  models  of  the  noise  field  in  order  to  study  the  effects 
of  various  spatial  noise  distributions  on  the  beamformer 
performance . 

Because  it  is  the  most  commonly  encountered  array 
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configuration,  attention  is  restricted  to  line  arrays.  It 
is  shown  that,  for  a  fixed  line  array,  the  beam  sensitivity 
pattern  is  a  function  of  a  single  variable.  That  variable 
itself  is  a  function  of  frequency,  the  steered  direction  and 
the  actual  arrival  direction.  Using  this  property,  the 
behavior  of  the  main  lobe  in  the  beam  pattern  for  a  given 
response  level  can  be  characterized  using  only  two 
constants.  The  values  of  the  two  constants  depend  on  the 
specific  hydrophone  spacings  but  are  fixed  for  a  given 
array.  These  two  constants  are  used  to  study  the  effects  of 
pointing  errors  on  the  spatial  and  frequency  responses  of 
the  beam  forming  process.  Included  is  an  example  of  the  use 
of  these  constants  in  setting  up  of  a  fan  of  beams  with  a 
predetermined  crossover  level  bracketing  an  expected  arrival 
direction . 

Two  models  of  the  spatial  distribution  of  the  noise 
field  are  used  to  evaluate  the  performance  expected  of  the 
beam  forming  process.  These  are  the  spherically  isotropic 
noise  model  and  the  circularly  uniform  horizontally  arriving 
noise  model.  Closed  form  expressions  describing  the 
expected  signal-to-noise  ratio  improvement  due  to  beam 
forming  are  derived  for  these  two  noise  models.  The 
equations  developed  for  the  case  of  spherically  isotropic 
noise  are  a  slight  generalization  of  those  included  in 
Urich's  book  [43]  in  that  the  effects  of  the  steering 
direction  are  included.  The  case  of  circularly  uniform 
horizontally  arriving  noise  does  not  appear  to  have  been 
published  though  it  would  seem  to  be  an  obvious  noise  model 
to  consider. 

The  time  quantization  study  contained  in  Section  5.1.1 
was  essential  to  the  design  of  the  CEL  beamformer.  This 
study  was  used  to  determine  the  effects  of  time  delay 
quantization  errors  on  the  frequency  response  of  the 
beamformer.  It  is  shown  that  in  the  steered  direction,  the 
worst  case  effects  of  the  quantization  errors  can  be  modeled 
as  a  low-pass  filtering  of  the  beamformed  reception.  The 
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time  step  used  in  the  CEL  beamformer  was  determined  by 
requiring  a  minimum  500  Hz  wide  1  dB  down  low-pass  bandwidth 
due  to  quantization  errors. 

The  effects  of  errors  in  the  delay  times  on  the 
sidelobe  structure  are  relatively  small  and  are  of  concern 
only  in  finely  tuned  systems.  The  CEL  beamformer  is 
intended  for  use  with  collections  of  hydrophones  which  were 
installed  for  applications  other  than  CEL's  and  which  are 
made  available  as  a  courtesy,  on  a  non-interf err ing  basis. 
Generally,  these  hydrophones  form  line  arrays  Out  often  have 
a  spacing  intended  for  an  operating  frequency  different  from 
that  required  by  CEL.  Often  it  is  necessary  to  use  a  given 
array  simultaneously  at  widely  differing  frequencies.  In 
these  situations  the  presence  of  major  sidelobes  due  to 
spatial  undersampl ing  is  much  more  of  a  concern  than  the 
minor  perturbations  caused  by  delay  time  quantization 
errors.  For  these  reasons  the  effects  of  time  delay  errors 
on  the  sidelobe  structure  are  not  considered  here. 

The  demodulate,  delay  and  sum  beamformer  is  examined  in 
Section  5.2.  As  expected,  the  reduced  waveform  bandwidth 
allows  use  of  a  coarser  time  quantization.  It  is  shown  that 
the  demodulator  outputs  have  to  individually  be  phase 
corrected  in  order  to  account  for  the  use  of  the  same 
demodulating  waveform  in  the  demodulators.  In  other 
respects,  this  beamformer  behaves  in  the  same  manner  as  the 
delay  and  sum  beamformer. 

Section  5.3  contains  an  anlysis  of  the  phase  shift 
beamformer.  This  configuration  is  studied  fairly  thoroughly 
because  of  its  potential  for  use  in  the  future.  Not 
requiring  any  delays,  it  is  a  relatively  simple  device  to 
build.  Its  most  annoying  feature  is  the  deviation  of  the 
beam  pattern  maximum  from  the  steered  angle  as  the  signal 
frequency  moves  away  from  the  design  frequency.  This  is  a 
handicap  not  shared  by  the  other  two  beam  forming  methods 
and  is  a  problem  when  using  wide  band  transmissions. 

The  analysis  of  the  effects  of  time  quantization  errors 


148 


on  the  frequency  response  of  a  delay  and  sum  beamformer 
presented  here  appears  to  be  original  to  this  work.  Also, 
the  realization  and  exploitation  of  the  single  variable 
nature  of  the  line  array  beam  pattern  does  not  seem  to  have 
been  recognized  in  the  literature.  A  third  contribution  is 
the  comparison  of  the  performances  expected  using  the 
spherically  and  horizontally  distributed  noise 
distributions . 


5 . 1  Time  Delay  and  Sum  Beam  Forming 
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©  The  bearing  angle  measured  in  the  horizontal 

between  the  x-axis  and  the  incoming  wavefront. 
This  is  called  "bearing  from  endfire." 

$  The  elevation  angle  of  the  arriving  ray  measured 
from  the  horizontal  upwards.  This  is  also  called 
the  vertical  arrival  angle. 

The  three  angles  are  related  by  the  expression 

cos(a)  =  cos  (0)cos  (gf )  (5.1) 

Let  d  be  some  distance  greater  than  the  distance  to  the 
hydrophone  furthest  from  the  reference  hydrophone.  Let 
(x^,y^,z^)  be  the  coordinates  of  the  i-th  hydrophone 
relative  to  the  reference  phone.  Given  a  plane  wavefront  at 
distance  d  from  the  reference  phone  in  the  direction 
specified  by  0  and  then  the  distance  from  this  plane 

wavefront  to  the  point  (x^,y^,z^)  is  given  by 

d^  =  d-(x^cos(e)cos(^)+y^sin(0)cos(szO+z^sin((zO  )  (5.2) 

The  propagation  delay  from  the  wavefront  to  the  i-th 
hydrophone  is  d^/c  where  c  is  the  speed  of  sound  in  the 
vicinity  of  the  array. 

Given  time  variations  in  the  strength  of  the  pressure 
field  associated  with  a  noise  free  arrival  from  the 
direction  specified  by  ©  and  <& ,  the  electrical  outputs  of 
all  of  the  hydrophones  will  be  identical  except  for  fixed 
delays.  Let  v(t)  represent  the  electrical  voltage  generated 
by  the  reference  hydrophone.  The  voltage  generated  by  the 
i-th  hydrophone  is 


v^(t)  =  v(t+(d-d^ )/c) 


(5.3) 


A  delay  and  sum  beamformer  delays  the  output  of  the 
i-th  hydrophone  by  seconds,  weights  it  by  w^  and  then 
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sums  the  results  from  N  phones  to  obtain  the  beam  output 

N-1 

vK(t)  =  y  w. v(t+(d-d- )/c-t • )  (5.4) 

b  / _  i  ii 

1^0 

When  the  delays  are  chosen  so  that 

t^  =  (d-d^)/c  (5.5) 

then 

N-  1 

vb(t)  =  v(t>y~  w.  (5.6) 

1T0 

If  the  are  all  set  to  one,  then  when  the  beamformer 
is  steered  in  the  direction  of  an  arriving  plane  wave 

vb(t)  =  Nv(t)  (5.7) 

If  it  is  assumed  that  the  noise  contributions  of  the 
individual  hydrophone  outputs  are  uncorrelated,  the  variance 
of  the  noise  in  the  sum  is  N  times  the  variance  of  a  single 
phone.  Since  the  desired  signal  has  a  gain  of  N,  its  power 

has  been  increased  by  a  factor  of  N  and  the  signal-to-noi se 
ratio  at  the  beamformer  output  is  N  times  the  input 
signal-to-noise  ratio  associated  with  a  single  phone.  It  is 
this  potential  processing  gain  that  motivates  the  use  of 
beam  forming. 

The  actual  processing  gain  achieved  using  a  given  array 
of  hydrophones  depends  on  the  nature  and  distribution  of 
noise  sources  and  on  the  stability  of  the  signal  wavefronts 
at  the  individual  hydrophones. 

The  Fourier  transform  of  the  beamformer  output  is 
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N-1 

V^(f)  =  V(f)}  w^exp{- j  2tt  f  ( t  (d-ch  )/c  ) }  (5.8) 

TTO 

The  summation  term  in  the  above  equation  describes  the 
sensitivity  of  the  beam  forming  process  at  frequency  f  for  a 
given  set  of  delays  {t^}  to  arrivals  from  the 
direction.  That  is,  it  represents  the  spatial  sensitivity 
of  the  hydrophone  array  and  beamformer  combination. 
Assuming  that  the  delays  are  chosen  to  steer  the  array  in 
the  (©Sf^s)  direction  the  beam  pattern  of  the  combination  is 
defined  as  [43] 


b(f  ,e,jrf,es,jrfs) 


N-  1 


w^exp{-j2itf  ( t  (d-d^  )/c  ) } 


N-  1 


1^0 


2 


(5.9) 


Note  that  b(f,0,jzf,6  ,^  )  has  been  defined  so  that  it 
equals  unity  when  the  delays  are  chosen  so  that  ©  =  0  and 

*  "  <*s- 

Given  a  spatial  noise  distribution  N(f,©,jz()  and 
steering  direction  (6  ,rf) ,  the  gain  of  the  array  is  defined 
as  [43] 


AG(f ,©s,ds) 


1 0  log 


N(f  ,©,jzOdfl 


N(f  ,e,*0b(f  es 


ts)  an 


(5.10) 


The  array  gain  represents  the  improvement  in  noise 
rejection  caused  by  the  use  of  the  array/beamf ormer 
combination  as  compared  to  a  single  hydrophone  in  the  same 
noise  field.  If  the  received  signal  waveform  is  coherent 
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across  the  array  and  arrives  precisely  from  the  (6  ,  &s) 
direction,  then  this  quantity  also  represents  the 
improvement  in  signal-to-noise  ratio  obtained  by  beam 
forming  as  compared  to  a  single  hydrophone.  Perturbations 
in  the  beam  forming  process  have  a  more  significant  effect 
on  the  signal  gain  then  they  do  on  the  noise  rejection 
process.  For  example,  steering  a  five  degree  wide  beam  ten 

degrees  off  of  broadside  (a=90°)  for  a  broadside  reception 
has  little  effect  on  the  noise  level  at  the  beamformer 
output  but  devastates  the  signal.  Because  of  this  (and  in 
order  to  be  able  to  drop  the  10  log  operation),  define  the 
noise  improvement  factor  (NIF)  as 


NiF(f ,es,rfs) 


,  6,  j^)  dfi 


N(f  ,e,jrf)b(f  ,e,jzf,es,jzfs)dn 


(5.11) 


The  structure  of  the  noise  field  in  the  ocean  is  very 
complex.  Potential  noise  sources  include  near  and  distant 
shipping,  acoustic  bottom  surveys,  surface  waves  and 
biological  activity.  Discounting  exceptional  circumstances 
such  as  speed  boats  passing  over  the  array  or  whales  playing 
with  the  hydrophones,  the  two  most  significant  noise  sources 
are  surface  waves  and  distant  shipping.  Studies  made  at  two 
sites  [44], [45]  indicate  that  at  frequencies  in  the  range  of 
200  to  400  Hz  and  lower,  for  relatively  calm  seas,  the  major 
noise  source  is  distant  shipping  and  essentially  arrives 
horizontally.  As  the  surface  becomes  disturbed  by  wind 
driven  wave  action,  the  noise  intensity  tends  to  become  a 
more  uniform  function  of  the  vertical  arrival  angle  and  at 
high  sea  states  favors  the  near  vertical  angles. 

In  order  to  estimate  the  performance  expected  from  beam 
forming  and  to  compare  beam  forming  methods,  the  assumption 
of  a  spherically  isotropic  noise  field  is  often  made.  In 
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this  case 

N(f,e,tf)  =  1  (5.12) 

Because  the  CEL  beamformer  is  intended  for  use  at  low 
frequencies  (below  500  Hz),  it  makes  sense  to  also  model 
both  the  noise  and  the  signal  as  arriving  horizontally 
(i.e.,  $  -  0 )  and  to  calculate  the  performance  on  this 
basis . 

Assuming  spherically  isotropic  noise  and  a  linear  array 
lying  along  the  x-axis,  the  expression  for  the  NIF  can  be 
written  in  terms  of  the  conic  angle  a  as 


NIFs(f,as) 


1 


2 

2 


TT 

b( f ,a  ,a 


s 


) sin (a )da 


(5.13) 


Similarly,  using  the  same  geometry  and  assuming  all 
receptions  are  in  the  horizontal  plane  with  the  noise  being 
horizontally  isotropic  gives 


NIFh(f ,©s) 


1 


2 

TT 


TT 

b(f ,0,0  )d0 


(5.14) 


In  order  to  develop  a  feel  for  the  effects  of  beam 
forming,  consider  a  linear  array  of  N  hydrophones  aligned 
along  the  x-axis.  Assuming  conic  arrival  angle  a  and  conic 
steering  angle  ag  gives  values 


di  =  d-xicos(a)  (5.15) 

ti  =  xiCOs(as)/c 


(5.16) 
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Substituting  into  the  expression  for  the  beam  pattern 

gives 


b(f ,a,ag) 


w.exp{-j2iTfx.  (cos(a  )-cos(a)  )/c} 

X  W 

HUi 

l^o 


2 


(5.17) 


The  use  of  the  weights  {w^}  is  termed  shading.  For  a 
given  array  geometry,  the  use  of  the  {w^}  allows  the 
structure  of  the  beam  pattern  to  be  modified.  Arrays  are 
often  shaded  in  order  to  reduce  the  magnitudes  of  spurious 
side  lobes  in  the  beam  pattern  or  to  aid  in  steering  a  null 
in  the  direction  of  a  strong  interfering  source.  However, 
this  capability  is  not  without  its  cost.  According  to  Urick 
[43],  the  use  of  shading  with  a  coherent  signal  in  a  uniform 
incoherent  noise  field  results  in  an  array  gain  which  is 
lower  than  that  obtained  without  shading.  Because  of  this, 
the  effects  of  shading  are  not  considered  here  and  all  of 
the  w.  are  set  equal  to  unity.  Doing  this  and  forming  the 
magnitude  squared  gives 


b(f ,a,as) 


N-1 


N-1 


V“ 


k  =  0 


exp{-j2uf(x^-xk) (cos(as)-cos(a) )/c} 

(5.18) 


Exploiting  the  symmetries  in  the  differences  x^-x^  and 
noting  that  the  imaginary  part  sums  to  zero  allows  rewriting 
b( f ,a ,as )  as 


b  (  f  ,  a , ag ) 


N-1  i-1 


=  1+2 

N  N 


2/  / 

i=1  k=0 


cos(2irf  ( x  ^  —  x  ^ )  (cos(as)-cos(a)  )/c) 


(5.19) 
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Although  the  above  form  allows  the  derivation  of  closed 


form  expressions 

for  the 

noise 

improvement 

factor , 

it 

requires 

on  the 

order  of 

N2/2 

cosine 

evaluations 

and 

generally 

should 

not  be  used 

to  compute  the 

beam 

pattern 

• 

Given  a  fixed  line  array  and  a  constant  speed  of  sound 
across  the  array,  the  dependence  of  the  beam  pattern  on  f, 
a,  and  ag  is  a  particularly  simple  one  since 


b(f,a,a  )  =  b(f (cos(a  )-cos(a) )  (5.20) 

In  essence,  the  beam  pattern  is  a  function  of  a  single 
variable.  That  variable  itself  is  a  function  of  three 
parameters.  This  feature  can  be  exploited  in  relating 
changes  in  the  beam  pattern  to  changes  in  parameter  values. 

In  the  expression  for  b(f,a,a  )  if  a  =  ag  then 
b(f,a  ,a  )  =  1.  This  is  the  maximum  value  that  can  be 
attained  since  it  corresponds  to  the  sum  of  the  maximum 
possible  values  of  each  term.  As  a  moves  away  from  ag  the 
magnitude  of  the  beam  pattern  decreases.  Holding  f  fixed, 
let  aQ  be  the  largest  value  of  a  smaller  than  ag  such  that 
b(f,aQ,ag)  equals  some  cut  level  b  .  Similarly,  let  a^  be 
the  smallest  value  of  a  larger  than  a  which  causes 
b(f,a^,a  )  to  equal  the  same  cut  level.  If  this  cut  level 
equals  1/2  then  the  difference  between  a  ^  and  a^  defines  the 
beam  width. 

Assume  that  for  a  specific  frequency  f  =  f  q  and 
steering  angle  ag  =  asQ,  values  of  a^  =  aQQ  and  a1  =  aa 1 q 
are  found  such  that  the  magnitude  of  the  beam  pattern  equals 
bc .  Given  any  other  frequency  and  steering  angle,  values  of 
aQ  and  a^  yielding  the  same  values  of  bc  can  be  found  by 
solving  the  equations 
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f (cos(as)-cos(a0) )/c  =  f Q (cos (as0 ) -cos ( aQ0 ) ) /c  (5.21) 

f (cos(as)-cos(a1))/c  =  f0(cos(as0)-cos(a10) )/c  (5.22) 

The  speed  of  sound  at  the  array  is  assumed  to  be  known 
and  constant.  If  this  is  not  the  case,  the  effects  of  sound 
speed  variations  can  be  determined  by  properly  perturbing 
the  frequency  values. 

Define 


=  COS(agg)-COS(asg) 

(5.23) 

=  cos (a£g ) -cos (a 1 g ) 

(5.24) 

Then 

cos(aQ)  =  cos(as)+f0c0/f  (5.25) 

cos(a1)  =  cos(ag)-f Qc ^/£  (5.26) 

The  values  of  cQ  and  c1  are  determined  by  the  choice  of 
fQ  and  the  array  geometry.  They  are  fixed  for  a  given 
array . 

Consider  the  Taylor  series  expansion  of  cos(a)  about 
the  angle  ag.  Retaining  only  the  first  two  terms 


cos  (a)  “  cos(as)-(a-as)sin(as) 


(5.27) 


Substituting  values  of  a  equal  to  aQ  and  a ^  gives  the 
approximations 


aQsin(as)  “  assin (ag ) -f gCg/f  (5.28) 

a1sin(ag)  “  agsin(as)+f qC ^/f 


(5.29) 
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Differencing  the  two  equations  gives  the  following 
approximation  for  the  beam  width  as  a  function  of  frequency 
and  search  angle: 


u  .  £0(c0+c1> 
bw  =  a,-a0  -  £sin(as) 


Based  on  the  above  result,  the 
can  be  made: 


(radians)  (5.30) 

following  observations 


The  beam  width  narrows  as  frequency  is  increased. 

The  beam  width  is  narrowest  at  broadside  (as  =  tt/2  )  and 
increases  as  angles  move  toward  endfire  (ag  =  0  and  tt )  . 

As  ag  approaches  0  or  ir,  the  shape  of  the  beam  pattern 
main  lobe  changes  as  shown  schematically  in  Fig.  5.2  [43]. 


/ 


Off  Endfire 


Near  Endfire 


Endfire 


Fig.  5.2.  Evolution  of  the  beam  pattern  main  lobe  as  it  is 
steered  toward  endfire 

The  depth  of  the  notch  along  the  x-axis  just  makes  the 

cut  value  b  when 
c 
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ag  =  COS  1 ( 1-f gCg/f ) 

(5.31  ) 

-  (2f0C°)1/2  radian5 

(5.32) 

as  the 

steered 

direction  approaches  0  and 

ag  =  cos  (-1+fgC^/f) 

(5.33) 

*  *-(2£f  v/2 

(5.34) 

as  the  steered  direction  approaches  ir. 

The  width  of  the  endfire  beam  in  the  ag  = 

0  direction 

is 


bw(ag  =  0)  =  2  cos  ^(1-fgC^/f)  (5.35) 

-  (8f fi-)  1/2  (radians)  (5.36) 

and  for  the  endfire  beam  in  the  a  =  ir  direction  it  is 

b 

bw(ag  =  ir)  =  2(tt~cos  ^  ( -  1  +f  gcg/f  )  )  (5.37) 

*  ( — 0_0^1/2  (radians)  (5.38) 


A  useful  application  of  the  equations  for  ag  and  a^  is 

the  setting  up  of  a  series  of  beams  either  side  of  the  beam 

in  the  a£  direction  which  are  down  a  specified  number  of  dB 

at  the  points  at  which  their  responses  cross.  Given  fg,  Cg, 

c .  and  a  ,  a  fan  of  "matched"  beams  either  side  of  the  beam 
1  s 

centered  on  ag  have  their  crossover  points,  a^,  is  defined 
by  the  equation 
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cos(a^)  =  cos(as)  +  fpCg/f  -  if  q(Cq+c  .j  )/f  (5.39) 

where  i  can  take  on  negative  as  well  as  positive  values. 
Increasing  values  of  i  correspond  to  increasing  angles 
because  of  the  way  Cq  and  c^  were  defined. 

The  cosines  of  the  corresponding  beam  centers  ag^  are 
given  by 


cos(as. )  =  cos(ag)  -  if  Q  (cQ+c  .j  )/f  (5.40) 

Having  developed  some  insight  to  the  beam  forming 
process,  the  equations  for  the  noise  improvement  factors 
will  now  be  derived.  Closed  form  expressions  for  the  noise 
improvement  factor  for  the  linear  array  can  be  obtained  for 
both  the  spherically  isotropic  noise  and  horizontally 
arriving  isotropic  noise  models. 

In  the  case  of  spherically  isotropic  noise,  the 
denominator  is  obtained  by  multiplying  b(f,a,a  )  by  sin(a)/2 
and  integrating  from  0  to  it.  Doing  this  and  substituting 
the  result  into  the  equation  for  NIF  (f,a  )  gives 


NIFs(f'as)  = 


(5.41  ) 


N-1  1-1 


ITT  k=0 


_ N _ 

cos(27rf(x^-xk)cos(as)/c)sin(2irf(x^-Xj<)/c) 
2 it f  (xT-x^l/c 


Integrating  b(f,©,0  )  from  0  to  tt  and  substituting  the 
result  into  the  equation  for  NIF^(f,0  )  gives 

NIFh(f,6s)  =  (5.42) 


N 

N-1  i_1 

1+1'  y  COS  (  27rf  (  X^-X^  )C0S  (©s  )/c  )  Jq  (  2?rf  (  X^-Xk  )/c  ) 

ITT  ITT 
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where  Jq(  )  is  the  zero  order  Bessel  function  as  defined  in 
[29]. 

A  commonly  analyzed  array  configuration  uses  uniformly 
spaced  hydrophones.  If  the  spacing  between  adjacent 
hydrophones  is  h,  then  the  NIF  equations  become 


NIFs(f,as) 


_ N _ 

1 +2^ — -  (N-i)cos(2irfihcos(as)/c)sin(2Trfih/c) 

N/ _  2  71  f  ih/c 

ITT 

(5.43) 


and 


NIFh(f'es>  =  — TFT 


N 


/  (N-i)cos(2iTfihcos(©s)/c)jQ(2Trfih/c) 

ITT 

(5.44) 


The  equation  describing  the  uniformly  spaced  array's 
beam  pattern  can  be  put  into  simple  form  after  noting  that 
the  terms  in  the  summation  are  terms  which  form  a  geometric 
series.  Summing  the  series  gives 

sin  ( irNf h (cos  (ag ) -cos  (a )  )/c  )  2 
b(f,a,ag)  -  lNsin(7rfh(cos(as)-cos(a))/c)  I 

The  quantity 

f q  =  c/(2h) 

is  the  frequency  at  which  the  inter-element 
corresponds  to  one-half  wave  length  and  will  be  termed  the 
array  design  frequency.  The  values  of  Cq  and  c^  are  assumed 
to  be  computed  for  f=fQ. 

The  denominator  of  the  beam  pattern  equation  determines 


(5.45) 

(5.46) 
spacing 
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the  number  and  locations  of  the  main  lobes  in  the  beam 
pattern.  Primary  lobes  occur  when  the  denominator  goes  to 
zero.  This  is  always  matched  by  a  zero  in  the  numerator 
with  the  ratio  being  equal  to  one.  The  numerator  determines 
the  width  of  the  lobes. 

The  locations  of  the  primary  beam  pattern  response 
lobes  are  determined  by  the  values  of  a  which  cause  the 
argument  of  the  sine  function  in  the  denominator  to  be  equal 
to  a  multiple  of  tt.  That  is 


TT  f 

2  f , 


(cos(a)-cos(as) )  = 


k tt  (k  integer) 


(5.47) 


Solving 


2kf , 


cos(a)  =  — jj—  +  cosfa,.)  (k  integer) 


(5.48) 


Since  |cos(a)|  <1,  only  a  limited  number  of  values  of  k 
yield  lobes.  Note  that  there  is  always  a  solution 
independent  of  f  for  k  =  0  resulting  in  a  beam  response 
maximum  in  the  steered  direction. 

Fig.  5.3  shows  the  locations  of  the  main  lobe  centers 
for  steered  angles  0  degrees,  45  degrees,  and  90  degrees  as 
the  operating  frequency  relative  to  the  array  design 
frequency  is  varied  from  0  to  5. 

Normally,  the  beam  width  for  a  given  steering  angle  is 
defined  as  the  angular  separation  between  the  smallest 


angles  near  a 


for  which  b(f,a,a  )  =  1/2 


However,  when 


working  with  functions  of  the  form  sin (Nx )/(Nsin ( x ) ) ,  a 
particularly  convenient  definition  of  the  beam  width  is  the 
difference  between  x  values  such  that  Nx  =  +v/2.  This 
definition  is  easy  to  work  with  and  gives  results  which  do 
not  differ  significantly  from  those  obtained  using  the  exact 
3dB  values. 

Using  the  x  =  +ir/(2N)  approximation  gives  the 


Bearing  Angle  {degrees)  Bearing  Angle  (degrees)  Bearing  Angle  (degrees) 
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Fig.  5.3.  Locations  of  primary  lobes  in  the  uniformly 
spaced  array  beam  pattern  as  a  function  of  f/fg 

a)  Steering  angle  0°  b)  Steering  angle  45° 
c)  Steering  angle  90°  degrees 
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requirement  that 

5^(cos (a^ ) -cos (a ) )  =+1  (5.49) 

£0  5 

The  values  of  ag  and  a^  defining  the  beam  edges  are 
determined  by  the  equations 

cos(an)  =  cos(a  )+^0  (5.50) 

0  s  m 

cos(a1 )  =  cos(a  )-^0  (5.51) 

1  s  Nf 

Thus,  for  the  linear  array 

Cq=c^=1/N  (5.52) 

Substituting  this  result  into  the  expression  for  the 
beam  width  yields 


bw 


2f0 

Nf  sin (ag ) 


( radians ) 


(5.53) 


Since  the  beam  width  is  inversely  proportional  to  the 
operating  frequency,  it  might  be  expected  that  the  NIF  would 
also  be  inversely  proportional  to  frequency.  Indeed  this  is 
the  case  in  the  frequency  zones  between  which  spurious  major 
side  lobes  appear.  Fig.  5.4  is  a  plot  of  NIFg  for  a  uniform 
20  element  array  and  steered  angles  ranging  from  0  to  90 
degrees  in  15  degree  steps.  The  number  of  lines  plotted 
makes  the  correspondence  between  lines  and  steered  angles 
difficult  to  determine,  however,  the  plot  is  primarily 
intended  for  qualitative  use.  The  general  character  of  the 
plot  does  not  vary  much  for  values  of  N  equal  to  10  or 
greater.  Increasing  N  primarily  smooths  out  the  ripples 
caused  by  variations  in  the  smaller  sidelobes. 
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The  noise  rejection  capability  improves  steadily  as  the 
operating  frequency  goes  from  zero  to  the  array  design 
frequency,  fg.  At  fg,  the  performance  drops  for  angles  near 
endfire  as  spurious  major  lobes  begin  to  appear  in  the  beam 
pattern.  For  steering  angles  near  broadside,  it  takes 
longer  for  these  side  lobes  to  appear  and  performance 
continues  to  increase  until  then.  For  frequencies  higher 
than  twice  the  array  design  frequency,  the  performance  lies 
within  +1.5  dB  of  10  log(N)  with  the  bound  becoming  tighter 
as  f  continues  to  increase. 


£/£0 


Fig.  5.4.  Noise  improvement  factor  for  the  equally  spaced 
array  and  spherically  uniform  noise,  N  =  20. 
Steered  angles  range  from  0  degrees  thru  90 
degrees  in  15  degree  steps 

Using  the  same  set  of  parameters,  the  noise  improvement 
factor  was  computed  for  the  horizontally  arriving  uniform 
noise  model.  The  result  is  plotted  in  Fig.  5.5.  The  plots 
are  significantly  different  from  those  obtained  using  the 


Noise  Improvement  Factor  (normalized) 
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uniform  spherical  noise  model. 


Fig.  5.5.  Noise  improvement  factor  for  the  uniform  array 
and  horizontally  arriving  uniform  noise,  N  =  20. 
Steered  angles  range  from  0  degrees  thru  90 
degrees  in  15  degree  steps 

For  the  spherical  model,  a  beam  at  steering  angle  ag 
has  a  nominal  beam  width  of 


bw 


fQ(cQ+c1) 

f sin (a  ) 


(5.54) 


The  noise  contribution  of  this  beam  is  equal  to  the 
area  on  the  sphere  swept  out  as  the  beam  pattern  is  rotated 
through  2 tt  and  is  approximately 


2-jTsin  (ag 


fQ(cQ+cl 

f sin (a  ) 


) 


2tt f  0  (Cq+c  1  ) 


f 


(5.55) 
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Thus,  for  the  spherical  noise  model,  the  amount  of 
noise  in  a  beam  output  is  at  most  only  slightly  sensitive  to 
the  steered  angle.  This  is  borne  out  by  the  plots  of  NIFg. 

In  the  case  of  horizontally  arriving  noise,  the  amount 
of  noise  present  in  the  beam  output  is  roughly  proportional 
to  the  amount  of  arc  swept  out  by  the  primary  lobes  on  the 
unit  circle,  i.e.,  depends  directly  on  the  beam  width.  It 
should  thus  be  expected  that  the  NIF  for  the  horizontal 
model  is  maximum  at  broadside  and  varies  as  1/sin(as). 
Recall  that  near  end-fire,  the  nature  of  the  beam  pattern 
changes  and  the  beam  width  approximation  cannot  be  safely 
used . 

The  exceptionally  good  performance  near  broadside  for 
the  horizontal  model  is  at  first  disturbing  but  is  to  be 
expected.  For  broadside  or  near  broadside  steering  angles, 
the  first  set  of  spurious  major  lobes  does  not  appear  until 
f/f0  approaches  two.  The  horizontal  NIF  can  be  approximated 
by  dividing  the  beam  width  into  2ir.  Doing  this  for  the 
linear  array 


N!Fh 


Nf 

f  Qs in ( as ) 


(5.56) 


Near  broadside  and  f/fQ  =  2,  the  value  of  the  noise 
improvement  factor  should  be  near  2  as  indicated  in  the  NIF^ 
plots . 

The  major  difference  in  the  results  obtained  using  the 
two  noise  models  is  that  the  spherically  uniform  model 
predicts  noise  performance  largely  independent  of  steering 
angle  while  the  horizontal  model  predicts  good  performance 
near  broadside  falling  off  toward  endfire.  The  model  to  be 
used  in  practice  depends  on  the  expected  nature  of  the  noise 


sources . 
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5.1.1  Effect  of  Errors  in  the  Delay  Times 

There  are  two  potential  sources  of  errors  when  setting 
up  the  delay  times  for  use  in  a  delay  and  sum  beamformer: 
1)  the  actual  hydrophone  locations  may  not  be  known  with  a 
high  degree  of  accuracy;  2)  when  using  digital  processing, 
the  achievable  delay  times  are  quantized.  The  effects  of 
errors  in  the  delay  times  are  most  easily  studied  in  the 
frequency  domain.  The  Fourier  transform  of  the  beamformer 
output  v^(t)  is 

N-1 

Vb(f)  =  V(f)J  wiexp{-j2TTf  (ti-(d-di)/c)}  (5.57) 

1T0 

Set  the  weights  to  unity.  Let  the  error  in  the  t ^ 
value  used  to  set  the  delay  for  the  i-th  hydrophone  output 
be  e^.  Then 


N-1 

Vfa(f)  =  V(f)^  exp{-j2Trfei}  (5.58) 

TT<5 

The  main  effect  of  making  errors  in  the  values  of  delay 
required  for  a  specific  steering  or  look  direction  is  that 
of  filtering  the  output  of  an  ideally  adjusted  beamformer. 
The  filter  transfer  function  is 


N-  1 

E(f)  =  'S  exp{- j2irf  ei }  (5.59) 

1T0 

The  maximum  value  of  E(f)  is  equal  to  N.  A  bound  on 
the  minimum  value  that  E(f)  can  take  on  as  a  function  of  f 
provides  a  lower  limit  on  performance. 

Let  the  e^  values  be  limited  to  the  range 
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-e  <  e>  <  e  (5.60) 

and  restrict  attention  to  values  of  f  in  the  range 


4e 


< 


f 


(5.61 ) 


The  terms  in  the  sum  making  up  E(f)  are  complex  numbers  with 
unit  magnitude  and  angles  restricted  to  some  range 
depending  on  f 


~ tt/2  <  -©e  <  0.  <  ©e  <  tt/2 


(5.62) 


where 


9  =  2nf e  (5.63) 
e 

Assume  that  for  a  given  value  of  f,  a  set  of  ©^  have 
been  found  such  that  |E(f)|  is  minimized.  Let  ©k  be  one  of 
these  values.  E(f)  can  then  be  written  as 


E  ( f ) 


TmT 

i^k 


(5.64) 


Let  R  be  the  magnitude  of  the  above  sum  and  the 
associated  angle.  Since  |©.|<© e»  the  value  of  is 
similarly  restricted. 

The  magnitude  squared  of  E(f)  is  then 


|  E  (  f  )  |  2  =  1  +  R2  +  2Rcos(©k-jz()  (5.65) 

This  expression  is  minimum  when  ©k  has  the  opposite 
sign  as  and  takes  on  magnitude  ©g.  Since  ©k  was 

arbitrarily  selected,  this  implies  that  all  ©^  have 
magnitude  ©e . 
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It  now  remains  to  determine  the  number  of  positive  and 
negative  values  of  6^.  Assume  p  positive  values  and  N-p 
negative  values.  Then 

E(f)  =  pexp{-j©e}  +  (N-p)exp{ j©e}  (5.66) 

|  E ( f )  | 2  =  N2  +  2p(N-p) (cos ( 2©e ) -  1 )  (5.67) 

Checking  the  first  and  second  derivatives  with  respect 

2 

to  p,  it  is  seen  that  |E(f)|  is  minimized  when  p  =  N/2  when 
N  is  even.  If  N  is  odd,  then  p  =  (N±1)/2  does  the  job. 

2 

For  even  values  of  N,  the  minimum  value  of  |E(f)|  is 

I  E  (  f  )  I  mi  n  =  N2cos2(0e)  (5.68) 

For  a  given  look  direction  and  error  bound,  the 
magnitude  of  the  error  filter  transfer  function  lies  between 

2  2 

this  value  and  |E(f)|  =  N  .  The  frequency  at  which  the 

worst  case  error  filter  response  is  down  by  D  dB  from  the 
ideal  is  given  by 


f  =  2~-  cos  1 ( 10  D/20)  (5.69) 

For  a  time  delay  uncertainty  of  ±0.1  ms  (the  time  step 
error  in  the  CEL  beamformer  assuming  rounding),  the  IdB  down 
point  is  749  Hz,.  At  500  Hz  the  error  filter  transfer 
function  is  down  no  more  than  0.44  dB.  For  comparison,  an 
error  in  the  delay  values  of  ±0.1  ms  corresponds  to  an 
uncertainty  of  ±5.9  inches  in  the  hydrophone  location. 

The  expression  for  I E ( f ) I  .  for  N  odd  is 

1  1  min 


E(f) Imin  =  N2cos2(©e)  +  sin2 (@e ) 


(5.70) 
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For  f  =  500  Hz  and  e  =  +0.1  ms,  the  value  of  0g  is  0.31 
radians.  The  sine  squared  of  0.31  radians  is  0.09  compared 
to  the  cosine  squared  value  of  0.91.  Thus,  for  this  range 
of  values,  it  is  reasonable  to  neglect  the  sine  squared  term 
in  the  above  equation  and  not  distinguish  between  even  and 
odd  values  of  N.  The  equation  derived  for  even  N  can  be 
used  as  an  approximation  when  N  is  odd. 


5.1.2  Effect  of  Steering  Error 


Given  a  specific  array,  once  the  values  of  Cg  and  c ^ 
have  been  determined,  the  equations  for  ag  and  a^  can  be 
used  to  study  the  effects  of  errors  made  in  setting  the 
steering  angle.  The  equations  for  ag  and  a^  are  repeated 
here  for  convenience. 


cos(ag)  =  cos (ag ) +f gCg/f  (5.71) 

cos(a^)  =  cos(a  )-fgC^/f  (5.72) 


Having  determined  ag  and  a^  the  contours  of  the 
associated  attenuation  level  can  be  plotted  as  a  function  of 
the  vertical  and  horizontal  arrival  angles  using  the 
relation 


cos(a)  =  cos  (©)cos  (szO  (5.73) 

This  can  be  done  for  a  number  of  frequencies.  The 
expressions  for  ag  and  a1  indicate  that  as  frequency  is 
increased,  both  angles  approach  as*  A  major  effect  of 
making  a  steering  error  is  to  cause  the  received  waveform  to 
be  low  pass  filtered.  For  broad  band  receptions,  it  is  wise 
to  use  the  highest  frequency  of  interest  in  the  reception  as 
the  value  of  f  when  studying  how  accurately  the  arrival 
angles  must  be  known. 
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Example 

Consider  a  10  hydrophone  array  with  uniform  spacing 
between  phones  corresponding  to  one-half  wavelength  at  100 
Hz.  The  expression  describing  the  beam  pattern  is 

sin(irf  (cos(as)-cos(a)  )/20)  2 

b(f'a'as}  =  I  l'0sln(TfTcbs(as)-cos(a))/200)  I  {5’74) 

Setting  f  =  100  and  ag  =  it/2  and  solving  the  above 
equation  for  the  b(  1 00  ,a ,  it/2  )  =  1/2  points  using  a  hand 
calculator  gives 

aQQ  =  84.90  degrees  (5.75) 

a  1 q  =  95.10  degrees  (5.76) 

The  equations  for  agand  a^hen  are 

cos (aQ )  =  cos(as)+8.88943/f  (5.77) 

cosfa^  =  cos (ag ) -8 . 88943/f  (5.78) 

Assume  that  it  is  desired  to  use  this  array  at  200  Hz, 
bearing  angle  60  degrees  and  vertical  arrival  angle  10 
degrees 

cos(as)  =  cos ( 60°)cos (10°)  =  0.492404  (5.79) 

f0/f  =  1/2  (5.80) 

The  corresponding  values  of  agand  a ^  are  determined  by 
the  equations 

(5.81 ) 

(5.82) 


cos(ag)  =  0.536851 
cosfa^  =  0.447957 
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Using  these  values  and  the  relation 

cos(a)  =  cos(0)cos(^)  (5.83) 

the  contour  of  the  3dB  down  values  can  easily  be  calculated 
and  plotted  in  the  ©,* i  plane.  Fig.  5.6  shows  the  result  of 
doing  this. 


HORIZONTAL  ARRIVAL  ANGLE  -9-  (OEGREES) 

Fig.  5.6.  Trajectories  of  the  3  dB  down  points 

At  the  selected  elevation  angle,  the  3dB  down  points 

correspond  to  bearing  angles  of  56.97°  and  62.94°,  giving  a 

beam  width  of  5.97°  in  the  horizontal.  If  the  signal 

arrives  from  the  60°  direction  in  the  horizontal,  then 

values  of  vertical  arrival  angle  in  the  range  from  0°  to 

26.37°  provide  a  response  which  is  less  then  or  equal  to  3dB 
down  from  the  maximum. 


***End  of  Example*** 
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5 . 2  Demodulate ,  Delay  and  Sum  Beam  Forming 

Demodulate,  delay  and  sum  beamforming  consists  of 
complex  demodulating  the  sampled  input  data  from  the 
frequency  band  of  interest  to  baseband,  delaying  the 
demodulated  values  and  combining  the  resulting  values  from 
several  channels  as  needed  for  beam  forming.  Motivating 
this  approach  is  the  observation  in  Section  5.1  that  the 
allowable  delay  quantization  was  determined  by  the  input 
waveform  bandwidth.  By  demodulating  the  individual 
hydrophone  waveforms  prior  to  delaying  them,  the  bandwidth 
can  be  reduced  to  its  minimum  value  as  determined  by 
experiment  design  constraints. 

The  operation  of  complex  demodulation  consists  of 
multiplying  each  hydrophone  output  by  the  complex  rotator 
and  filtering  the  result  to  eliminate  the  energy  outside  of 
the  frequency  band  of  interest.  The  waveform  at  the  output 
of  the  i-th  demodulator  due  to  a  plane  wave  reception  at  the 
array  is 


vd  i^  =  v(t-(di-d)/c)exp{-j2iTfdt}®h(t)  (5.84) 

The  Fourier  transform  of  v,  .  is 

d,  l 

Vd,i(f)  =  H(f  )V(f  +  fd)exp{-j27r(di-d)  (f  +  fd)/c}  (5.85) 

The  purpose  of  H(f)  is  to  attenuate  the  spectrum  of  the 
frequency  shifted  input  waveform  outside  of  some  band  of 
interest  centered  at  f=0.  Let 

Vd(f)  =  H(f)V(f+fd)  (5.86) 

where  Vd(f)  has  bandwidth  W  Hz. 

The  delaying  of  the  waveform  v^  ^ ( t )  by  t-  seconds  is 
accounted  for  in  the  frequency  domain  by  multiplying  the 
Fourier  transform  by  exp{- j2irf  ti } .  The  Fourier  transform  of 
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the  sum  of  N  such  delayed  versions  is  (again  using  unit 
weights ) 


N-1 

vb(f)  =  vd(f))  exp{- j  2-rrf  (ti  +  (di-d)/c}exp{-j2irfd(di-d)/c} 

1T0 


(5.87) 


The  second  factor  in  the  above  equation  results  from 
using  the  same  complex  rotator  phase  in  all  of  the 
demodulators.  This  factor  is  independent  of  frequency  and 
must  be  corrected  for  by  multiplying  the  i-th  demodulator 
output  by  exp{- j 2tt f ^t ^  } .  Doing  this,  the  transform  of  the 
beamformer  output  becomes 

Vfa(f)  =  (5.88) 

N-1 

V^(  f  )  )  exp{-  j  2  7T  f  (t^  +  (d^-d)/c) }  exp{  -  j  2  tt  f  ^  ( t^  +  (d^-d)/c)} 

1T0 

The  beam  is  steered  using  t ^  =  (2d-d^)/c  giving 

Vb  (  f  )  =  NV^(  f  )  exp{- j  2  7T  f  d/c  }exp{- j2irf  ^d/c  }  (5.89) 

which  corresponds  to  N  times  the  output  of  a  single 
hydrophone  located  at  the  array  reference  point,  delayed  by 
d/c  seconds  and  phase  adjusted. 

Next,  the  effects  of  delay  time  quantization  will  be 
considered. 

Assume  that  the  arrival  direction  is  known  exactly  but 
that  time  values  are  quantized  such  that 

ti+(di~d)/c  =  d+e^  (5.90) 

However,  it  is  assumed  that  the  values  of  the  phase  factors 
exp{  -  j  2TTf^  ( t  ^  +  (d-d^  )/c  ) }  are  computed  exactly.  Using  the 
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above  values,  the  expression  for  the  transform  of  the 
time  quantized  beamformer  is 


N-  1 

Vfa  (f)  =  exp{- j2iTfe^ }  (5.91) 
1^0 

The  effect  of  quantizing  the  delays  in  the  demodulate, 
delay  and  sum  beamformer  on  the  output  spectrum  is  the  same 
as  for  the  simple  delay  and  sum  beamformer.  The  important 
difference  is  that  the  filtering  caused  by  the  delay 
quantization  errors  affects  the  base  band  spectrum  rather 
than  the  entire  input  spectrum. 

Assume  an  error  criterion  of  a  maximum  of  D  dB  fall  off 
in  the  beamformer  response  due  to  the  effects  of  time 
quantization  at  the  3  dB  points  of  the  demodulator  outputs. 
Then  using  the  result  of  Section  5.1.1 


-cos- 1  ( 1 0-D,/20 ) 

7T 


(5.92) 


If  D= 1  dB,  then  the  minimum  allowed  sample  rate  is 


f  =  3.33W  (5.93) 

In  the  Tomography  experiment  the  signal  bandwidth  was 

16  Hz.  This  gives  a  minimum  value  of  f  =  53.3  Hz.  This 

s 

corresponds  to  one  demodulator  sample  value  every  4.2 
carrier  cycles.  The  planned  demodulator  sampling  rate  of 
one  per  every  3.5  carrier  cycles  used  in  the  Tomography 
experiment  would  have  been  adequate  for  use  with  this  beam 
forming  method. 
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5 . 3  Phase  Shift  Beam  Forming 

Phase  shift  beam  forming  consists  of  altering  the 
phases  of  the  individual  hydrophone  outputs  and  summing  the 
results.  This  procedure  is  intended  for  use  with  narrow 
band  waveforms  which  have  negligible  change  in  their 
amplitude  and  phase  while  propagating  across  the  receiving 
array.  Since  a  simple  phase  shift  corresponds  to 
multiplying  a  complex  demodulator  output  by  a  unit  magnitude 
complex  number,  the  phase  shift  beamformer  will  be  modeled 
by  assuming  the  individual  hydrophone  outputs  are 
demodulated,  multipled  by  a  phase  factor  and  then  summed. 

Let  the  values  used  to  phase  the  demodulator  outputs  be 
written  as 


exp{j©^}  (5.94) 

Following  the  same  analysis  procedure  used  in  Section 
5.2,  the  Fourier  transform  of  the  phase  shift  beamformer 
output  at  baseband  is 


N-  1 


V^(f)  =  V^(  f  )  exp{  j  2-ir  (  f  +  f  d)d/c  }y  exp{- j27r(f  +  f^)d^/c}exp{  j0^} 


1T0 


(5.95) 


Set  ©•  =  27rfj(d.-d).  The  above  equation  becomes 
i  d  i 

N-1 

vb(f)  =  Vd(f)  7"  exp{- j2irf  (di~d)/c }  (5.96) 

1^0 

Even  though  the  array  is  steered  in  the  direction  of 
the  arriving  wavefront,  the  phase  shift  beam  forming  process 
has  the  effect  of  a  filter  on  the  corresponding  time 
waveform. 
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For  the  linear  array 

ch  =  d-x^cos(a)  (5.97) 

Steering  in  the  ag  direction  requires  using  phase 
angles 


©i  =  2irf d(d-x^cos (as)  )/c 


(5.98) 


The  resulting  expression  for  the  beam  pattern  is 


N-  1 


b(f,fd,a,as)=|^/  exp{  j  27rxi  (fcos(a)-fd(cos(as)-cos(a))/c]  | 
1^0 

(5.99) 


Values  of  f  in  the  above  equation  correspond  to 
baseband  frequencies.  Setting  f=0  in  the  above  equation  is 
equivalent  to  setting  f =f ^  in  the  corresponding  equation  for 
the  delay  and  sum  beamformer.  Doing  so  shows  that,  for 
operation  at  f^,  both  systems  possess  the  same  beam  pattern 
and  thus  perform  the  same.  However,  the  extra  term  in  the 
exponential  of  the  phase  shift  beam  pattern  equation 
indicates  a  dependence  on  frequency  that  is  not  present  in 
the  delay  and  sum  beamformer. 

The  beam  pattern  is  at  its  maximum  value  if 

f cos (a) -f j (cos (a„ ) -cos (a ) )  =  0  (5.100) 

d  s 

Given  steering  angle  ag,  the  direction  of  the  maximum 
response  is  given  by  the  solution  of  the  equation 


cos (a  ) 

cos(a)  = 


(5.101) 


When  f=0,  the  direction  of  the  beam  pattern  maximum  is 


178 


in  the  steered  direction.  As  f  increases  from  0,  the 
direction  of  the  maximum  shifts  toward  broadside.  As  f 
decreases  from  0,  the  maximum  shifts  toward  endfire.  Unlike 
for  the  delay  and  sum  beamformer,  the  direction  of  the  beam 
pattern  maximum  of  the  phase  shift  beamformer  depends  on 
frequency . 

Setting  f=0  for  a  given  steering  angle  a^Q,  two  angles 
aQQ  and  a^  can  be  found  bracketing  agg  such  that  b(  ) 
equals  some  cut  value.  This  is  done  in  the  same  manner  as 
for  the  delay  and  sum  beamformer  and  the  values  obtained  in 
that  case  for  f=f^  will  be  the  same  as  those  obtained  for 
the  phase  shift  beamformer  for  f=0. 

Define 


Cq  =  cos (Sqq ) -cos (asg )  (5.102) 

c1  =  cos ( asg ) -cos (a 1 g )  (5.103) 

The  values  of  a  yielding  the  same  value  of  b(.)  can  be 
determined  using  the  equations 


cos (a_ ) +cn 

cosUq)  =  — YTUl — “  (5.104) 

/  d 

cos (a_ ) -c . 

cos(a1)  =  — 1  +  £/f  (5.105) 

Using  the  first  two  terms  in  the  Taylor  series 
expansion  of  cos(a)  about  ag  and  assuming  that  the 
differences  | a  s — a  g |  and  |as~a^|  are  small,  yields 
approximations  for  ag  and  a^.  Differencing  these 
approximations  gives  the  following  estimate  of  angular  beam 
width 


bw  = 


a1  a0 


fd(c0+c1) 

( f +f d ) sin (as ) 


(5.106) 
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This  approximation  should  not  be  used  in  the  vicinity 
of  endfire  because  of  the  manner  in  which  the  beam  pattern 
changes  there. 

The  beam  width  increases  as  the  frequency  increases. 
This  is  the  same  behavior  as  for  the  delay  and  sum 
beamf ormer . 

The  behavior  of  the  aQ  and  a^  contours  as  frequency  is 
varied  is  as  shown  in  Fig.  5.7.  The  direction  of  motion 
changes  sign  at  a  =  tt/2. 


Fig.  5.7.  Dependence  of  aQ  and  a ^  on  frequency  variations 

If  ag  and  a1  correspond  to  the  -3dB  point  on  the  main 
beam  pattern  lobe  (assuming  that  the  steered  angle  is  less 
than  ir/2),  as  f  is  increased,  Sq  moves  toward  ag.  Let  f  be 
the  upper  frequency  value  such  that  aQ  =  as.  Then 

f u/f d  =  Cq/cos (as )  (5.107) 

As  f  is  lowered,  the  a.  curve  moves  toward  a  Let  f. 

S  •  _L 

be  the  low  frequency  value  such  that  a,  =  ag.  Then 

f1/fd  =  -c1/cos(as) 


(5.108) 
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For  steering  angle  ag  the  bandwidth  is 


BW  = 


| cos (a  )  | 


(5.109) 


The  absolute  value  sign  take  care  of  the  case  where  Sq  and 
a1  are  greater  than  ir/2. 

If  a  is  such  that  an  and  a.  straddle  tt/2,  then  there 
is  only  an  upper  cut  frequency.  For  as<u/2 


f 


u 


£dc  0 

cos (a  ) 


and  similarly  if  as>n/2 


f 


u 


~fdci 

cos (ag ) 


(5.110) 


(5.111) 


If  as=7r/2  then,  not  unexpectedly,  the  bandwidth  is 
infinite.  For  this  angle  the  delay  and  sum  and  the  phase 
shift  beamformers  are  equivalent. 

Performing  the  necessary  integrations,  the  equations 
for  the  spherically  isotropic  and  horizontally  arriving 
uniform  noise  models  are  found  to  be 


NIFs(f ,fd,ag)  =  (5.112) 

_ _ N _ 

2^— !■  cos  ( 2Tff  d(x^-xk  )cos  (as  )/c  )  sin  (  2tt(  f +  f  d)  (x^-xk  )/c  ) 

1+N/ _  / _  2ttTT+TTT  (x.-x,  )/c 

ITT  )T0  d  x  k 

NIFh(f ,fd,0s)  =  (5.113) 

_ _ N _ 

N-1  i-1 

1+^^  ^  cos  (  2uf  ^  (x^-x^  )cos  (©s  )/c  )  JQ  (  2-n  (  f +  f  ^)  ( x^-xk ) /c  ) 

ITT  1T0 


181 


Assuming  a  uniformly  spaced  array  with  inter-element 
spacing  h  gives 

NIFsu(f'fd'as}  =  (5-1U) 

_ N _ 

2^—^ -  (N-i)cos(2Trf^ihcos(as)/c)sin(2ir(f  +  f(j)ih/c) 
1+N/ _  2 it  (  f  +  f  j  )  ih/c 

ITT  a 

NIFhu(f'fd'es)  =  {5-115) 

N 

N-  1 

1  +^)  (N-i)cos(2TTf^ihcos(as)/c)J0(2Tr(f  +  f^)  ih/c  ) 

ITT 

Summing  the  series  for  the  beam  pattern  gives  for  the 
uniform  array 


sin(iTNh(fcos(a)-f  ,  (cos  (a  ) -cos  (a )  )/c)  - 

b  (  f  ,  f  d ,  a  ,  a  )  =  | - S - 2 - 12 

Nsin(Trh(fcos(a)-fd(cos(a  )-cos(a)  )/c) 

(5.116) 

Fig.  5.8  consists  of  plots  of  NIFg  for  a  uniformly 
spaced  array  of  twenty  hydrophones  and  values  of  f^/fg  equal 
to  1,  1.5,  2  and  4.  Steering  angles  ranging  from  0  through 
90  degrees  in  15  degree  steps  are  included.  As  for  the 
delay  and  sum  beamformer,  these  plots  are  primarily  intended 
to  provide  qualitative  insight  into  the  performance.  The 
frequency  range  is  from  -f^/2  to  f^/2.  For  some  sets  of 
parameter  values,  the  beam  pattern  does  not  have  a  main 
response  lobe.  When  this  happens,  the  array  performance 
looks  exceptionally  good.  Unfortunately,  not  only  is  the 
beam  forming  process  not  responding  to  the  noise,  it  is  also 
not  responding  to  the  desired  waveform.  This  is  what  causes 
the  graphs  for  f,/fg  equal  to  1  and  2  to  go  off  scale.  For 
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given  values  of  f/f^,  f^/fg  and  ag,  if  an  integer  k  cannot 
be  found  such  that 


cos (a ) 


2k+-p^cos  (a_ ) 
r0  s 

f  f^i 

(j  +  — ) 

r0  r0 


(5.117) 


then  there  will  not  be  a  major  lobe  in  the  beam  pattern  and 
the  noise  improvement  factor  will  usually  be  excessively 
large . 

Fig.  5.9  shows  the  corresponding  results  for  the  same 
parameter  values  for  horizontally  arriving  uniform  noise. 


se  im  rove  non  t  Factor  (normalized)  No  is*  Ficcftr 


Fig.  5.8.  Phase  shift  bearaformer  noise  improvement  factor 
for  the  equally  spaced  array  and  spherically 
isotropic  noise,  N=20.  Steering  angles  range 
from  0  degrees  thru  90  degrees  in  15  degree 
steps  as  letters  go  from  a  thru  g  a)  f  ,/f0=l 
b)  f„/f0=1.5  o)  fd/£0=2  d)  fc/f„=4 
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Noise  Improvement  Factor  (normalized)  Koiw  Jisprureiwi:  Ficndr  [nomi  Iliad  I 


Fig^,  5.9.  Phase  shift  beamforraer  noise  improvement  factor  for  the 
equally  spaced  array  and  horrizontally  uniform  noise, 
N=20.  Steering  angles  range  from  0  degrees  thru  90  de¬ 
grees  in  15  degree  steps  as  letters  go  from  a  thru  g 
a)  fd/f0=l  b)  fd/f0=l-5  c>  fd/f0=2  d)  W4 
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CHAPTER  6 


BEAMFORMER  AND  SIGNAL  PROCESSING  HARDWARE 

The  data  acquisition  hardware  designed  and  built  at  CEL 
for  use  in  the  1981  Tomography  experiment  was  divided  into 
two  major  components.  These  were  a  beamformer  and  a  signal 
processor.  At  the  heart  of  both  units  is  a  set  of  logic 
cards  designed  around  the  Intersil/Harris  IM6100 
microcomputer.  The  computer  system  implemented  by  this  card 
set  was  named  the  DM1200. 

The  beamformer  unit  is  built  in  a  table  top  equipment 
rack  about  24  inches  tall.  Contained  in  this  rack  are  a  set 
of  isolation  amplifiers,  a  card  cage  containing  the  A/D 
converters  and  delay  memories  and  a  card  cage  containing  the 
beamformer  electronics. 

The  top  3  1/2  inches  of  space  in  the  beamformer  rack 
contains  a  set  of  commercially  produced  isolation 
amplifiers.  These  amplifiers  electronically  isolate  the 
power  and  grounds  of  the  source  hydrophones  and  the  CEL 
electronics.  They  also  provide  protection  to  the  hydrophone 
electronics  in  case  of  a  catastrophic  failure  in  the  CEL 
equipment.  The  isolation  amplifiers  are  individually 
mounted  on  small  printed  circuit  boards  that  plug  into 
mother  boards  each  of  which  can  accept  up  to  eight  amplifier 
cards.  Connection  to  the  amplifier  inputs  is  made  via  a 
phone  jack  panel  located  on  the  back  of  the  isolation 
amplifier  chassis.  A  matching  set  of  phone  jacks  is 
available  on  the  front  panel  to  allow  access  to  the  signals. 
Both  the  front  and  back  panels  are  non-metallic  isolating 
the  phone  jacks  not  only  from  the  CEL  ground  but  also 
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isolating  the  grounds  of  the  individual  hydrophones. 

The  outputs  of  the  isolation  amplifiers  feed  individual 
A/D  converter  cards.  Each  card  contains  a  digitally 
controlled  amplifier,  track  and  hold,  A/D  converter  and  2048 
words  of  memory  used  to  contain  the  2048  most  resent  sample 
values.  The  selected  sample  rate  was  5  KHz  providing  a 
maximum  delay  of  about  0.41  seconds.  These  cards  are 
mounted  in  the  card  cage  located  just  below  the  isolation 
amplifiers.  Up  to  24  cards  can  be  contained  in  a  single 
cage.  It  is  possible  to  mount  two  cages  back  to  back  giving 
a  maximum  capability  of  48  channels  in  a  single  beamformer 
rack.  The  use  of  one  A/D  converter  per  channel  rather  than 
multiplexing  several  channels  onto  a  single  converter  may 
appear  to  be  extravagant.  However,  there  were  significant 
advantages  which  were  felt  to  justify  the  extra  cost  over 
that  of  multiplexed  A/D  converters.  This  approach  allowed 
the  design  to  be  highly  modularized.  A  single  printed 
circuit  card  contains  all  of  the  electronics  necessary  to 
produce  delayed  sample  values  for  a  single  hydrophone. 
Channels  can  be  added  to  a  system  as  needed.  A  failure  on  a 
single  board  only  costs  the  loss  of  a  single  hydrophone 
output.  Using  an  A/D  converter  per  channel  made  it  easy  to 
simultaneously  update  all  of  the  delay  memories  with  new 
sample  values  taken  at  the  same  instant.  This  decision  was 
also  influenced  by  the  availability  of  relatively  low  cost 
integrated  A/D  converters  from  Analog  Devices. 

The  A/D  delay  memory  cards  plug  into  a  bussed 
backplane.  This  backplane  bus  is  connected  to  a  control 
module  contained  in  the  card  cage  mounted  below  the  one 
holding  the  A/D  delay  cards.  The  control  module  controls 
the  timing  of  the  A/D  conversions,  the  updating  of  the  delay 
memories,  and  access  to  these  memories  by  various  "users". 
Timing  is  derived  from  an  external  5  MHz  Rubidium  frequency 
source . 

Also  located  in  the  cage  with  the  control  module  are 
the  beamformer  electronics  and  a  DM1200  processor  system. 
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The  beamformer  itself  was  implemented  as  a  peripheral  device 
to  the  DM1200. 

The  DM1200  system  is  located  on  the  far  right  of  the 
card  cage.  A  number  of  card  slots  were  dedicated  for  use  as 
the  DM1200  bus.  Card  positions  near  the  center  of  the  cage 
were  specifically  wired  for  use  by  the  beamformer 
electronics  and  an  interface  thru  which  the  DM1200  could 
access  the  delay  memories.  In  the  normal  working 
configuration,  the  DM1200  system  contains  a  processor  board, 
a  read/write  memory  board,  a  read  only  memory  board,  and  two 
or  three  communications  interfaces.  The  beamformer  and  the 
delay  memory  access  hardware  are  implemented  as  special 
devices  on  the  DM1200  bus.  A  few  card  positions  are 
available  for  plugging  in  other  interfaces. 

The  beamformer  operation  starts  when  the  LOAD  button  is 
pressed  on  the  DM1200.  The  processor  copies  an  operating 
program  and  set  of  beam  tables  out  of  read  only  memory  and 
places  them  into  read  write  memory.  The  beam  tables  are 
then  used  to  configure  a  control  memory  located  in  the 
beamformer.  This  control  memory  contains  a  list  of  A/D 
channels  and  the  associated  delays  required  to  form  from  one 
to  eight  beams.  The  beamformer  scans  this  table  every  time 
a  new  sample  is  placed  into  the  delay  memories.  Beam 
outputs  thus  become  available  at  a  5  KHz  rate.  The  beam 
outputs  are  connected  to  the  signal  processing  unit  using  a 
set  of  twisted  pair  cables.  When  a  beam  output  set  becomes 
available  the  processing  hardware  is  signalled  and  serially 
shifts  the  resulting  values  into  the  demodulating  hardware. 

Once  initialized,  the  beamformer  is  not  dependent  on 
the  DM1200  for  any  additional  support.  Beam  values  are 
automatically  formed  and  the  demodulation  hardware 
signalled.  The  only  time  processor  intervention  is  required 
is  when  it  is  desired  to  change  the  beams.  The  control 
memory  is  organized  so  that,  if  care  is  taken,  this  can  be 
done  on  the  fly  without  affecting  the  timing. 

In  addition  to  setting  up  the  beamformer  and  changing 
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beams  as  needed,  the  processor  can  be  used  to  test  the 
system  for  proper  operation.  This  is  usually  not  done  while 
the  beamformer  is  in  active  use.  By  reading  the  delay 
memory  contents  while  data  is  being  taken  the  processor  can 
check  the  operation  of  the  A/D  converters.  The  sample 
values  can  be  displayed  on  an  oscilloscope  if  a  D/A 
converter  board  is  added  to  the  DM1200.  Using  the  delay 
memory  access  interface,  the  processor  can  stop  the 
acquistion  of  data  and  write  its  own  test  patterns  into  the 
delay  memories.  It  then  can  verify  these  patterns  to  see  if 
the  delay  memories  are  working  properly.  The  processor  can 
also  read  the  resulting  contents  of  the  beam  output 
registers.  Thus,  it  is  possible  to  verify  the  proper 
operation  of  the  system  from  the  A/D  converter  outputs  thru 
to  the  resulting  beam  outputs.  The  processor  can  also 
monitor  performance  on  a  less  exhaustive  basis  during  normal 
operation . 

The  signal  processing  unit  consists  of  a  DM1200 
processor  to  which  special  devices  have  been  added  to 
demodulate  the  data  and  to  speed  up  arithmetic  operations. 
This  unit  is  contained  in  a  small  instrument  case  along  with 
the  required  power  supplies  and  fans.  Connection  to  the 
beamformer  electronics  is  made  using  short  cables  made  up 
using  twisted  pairs.  A  Digital  Equipment  Corporation  LA34 
terminal  was  used  as  the  operator  console  and  to  print  the 
data  log.  A  separate  small  case  was  used  to  house  a 
LINCtape  drive.  The  LINCtape  system  was  used  to  provide 
random  access  mass  storage  needed  for  program  developement 
and  for  recording  processed  results.  In  1982,  support  was 
added  for  cartridge  tape  output  and  9-track  tape  output. 
The  cartridge  tape  support  was  primarily  in  software  since 
the  tape  system  had  a  serial  communication  (RS-232)  port. 
The  interface  for  the  9-track  tape  drives  was  implemented 
using  a  wire-wrapped  card  cage  containing  a  DM1200  bus  with 
two  card  positions  hard  wired  for  use  by  the  interface. 

The  demodulators  were  implemented  using  serial 
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multiplier  integrated  circuits.  When  a  set  of  beam  output 
samples  becomes  available,  the  values  are  shifted  serially 
from  the  beam  output  registers  thru  the  multipliers  with  the 
results  being  accumulated.  As  the  values  are  being  shifted 
thru  the  multipliers  they  are  multiplied  by  sample  values  of 
exp{- j 2tt f ^t }  .  The  complex  exponential  values  are  contained 
in  a  read  only  memory  located  in  the  demodulator  control 
electronics.  The  exponential  values  are  selected  using  a 
direct  digital  frequency  synthesizer  to  generate  the 
required  ROM  addresses. 

Once  started,  the  operaton  of  the  demodulator  is 
automatic  and  does  not  require  any  processor  intervention. 
When  the  proper  number  of  demodulated  beam  outputs  have  been 
accumulated  to  form  a  demodulate  the  values  are  copied  into 
a  set  of  output  registers  (perhaps  being  scaled  in  the 
process)  and  a  flag  is  set  to  inform  the  processor  that  a 
set  of  demodulates  has  been  formed.  The  processor  has  a 
complete  demodulation  time  interval  in  which  to  dispose  of 
the  demodulates. 

Because  the  IM6100  microcomputer  used  in  the  DM1200  is 
so  slow,  it  was  necessary  to  provide  a  means  by  which 
complex  arithmetic  and  multiplications  could  be  performed 
rapidly.  As  much  support  as  could  be  crammed  onto  a  single 
wire-wrap  panel  was  provided.  Using  this  device,  it  is 
possible  to  accumulate  complex  double  precision  values  and 

2  2  2 

form  double  precision  products  of  the  form  R  =X  +Y  in  a 
matter  of  a  few  microseconds. 

The  primary  device  used  on  the  DM1200  system  for 
programming  support  and  data  recording  is  LINCtape. 
LINCtape  drives  are  present  on  all  CEL  systems  and  offer 
ready  interchange  of  programs  and  data.  It  is  also  possible 
to  use  CEL's  Data  System  Design  floppy  disk  systems  on  the 
DM1200 . 

The  design  and  construction  of  the  hardware  described 
in  this  chapter  benefitted  from  the  contributions  of  a 
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number  of  individuals  as  noted  in  the  acknowledgment.  In 
addition  to  directing  these  efforts,  the  author's 
contributions  included  designing  all  of  the  interfaces 
described  in  this  chapter,  designing  four  printed  circuit 
boards  and  producing  all  of  the  wire-wrapped  panels  (which 
were  normally  machine  wrapped) . 

Sections  6.1  and  6.2  contain  descriptions  of  the 
various  interfaces  and  devices  that  are  used  to  make  up  the 
beamformer  and  DM1200  processing  unit.  The  amount  of 
information  presented  is  restricted  to  that  which  a 
programmer  would  need  in  order  to  make  effective  use  of  this 
equipment.  Providing  more  detailed  internal  descriptions 
was  felt  to  be  beyond  the  scope  of  this  document.  A 
separate  set  of  manuals  is  being  prepared  which  will  contain 
final  form  logic  diagrams,  board  layouts  and  wire  wrap 
documentation . 

Section  6.1  contains  the  descriptions  of  the  boards 
which  make  up  the  DM1200  and  those  interfaces  not  specific 
to  the  beamformer.  Section  6.2  describes  the  isolation 
amplifiers,  A/D  delay  cards,  the  delay  bus  controller,  the 
processor  delay  bus  interface  and  finally  the  beamformer 
itself . 


6 , 1  Signal  Processing  Hardware  Descriptions 


This  section  contains  descriptions  of  the  modules  which 
normally  are  used  to  make  up  the  signal  processing  unit  of 
the  CEL  data  acquisition  system.  The  first  board  described 
is  the  one  containing  the  IM6100  microcomputer.  This  board 
provides  the  basic  computing  capabilities  contained  not  only 
in  the  signal  processing  unit  but  also  in  the  beamformer. 
Communication  between  the  processor  board  and  the  various 
peripheral  interfaces  and  devices  is  over  a  collection  of 
signal  lines  called  a  bus.  The  signals  present  on  this  bus 
are  described  as  part  of  the  processor  board  description. 

Following  the  processor  board  description 


are 
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descriptions  of  the  other  boards  which  are  included  in  the 
signal  processor.  The  ordering  of  the  descriptions  proceeds 
from  memory  to  communication  to  special  function  and, 
finally,  to  mass  storage. 

The  dimensions  of  the  cards  used  to  build  up  the 
devices  described  in  this  chapter  are  those  used  by  AUGAT 
for  their  R-Series  of  logic  modules.  The  same  connector  was 
also  used.  This  allowed  the  use  of  commercially  available 
card  cages,  connectors  and  wire-wrap  cards. 

6.1.1  Processor  Board  and  Bus  Description 


The  processor  printed  circuit  board  contains  the 
following : 

Intersil/Harris  IM6100  microcomputer 

Intersil  IM6102  MEDIC  support  integrated  circuit 

RUN/HALT  and  bootstrap  control  logic 

32  word  read  only  memory  bootstrap  program 

logic  to  generate  initialize  pulse  on  clear  all  flags 

(CAF)  instruction 

bus  receivers  and  drivers 

bus  termination  resistors 

The  IM6100  microcomputer  is  a  CMOS  version  of  the 
Digital  Equipment  Corporation  PDP-8/e  minicomputer.  It  uses 
a  12  bit  word  size  and  can  directly  address  4096  words  of 
memory.  The  instruction  set  is  described  in  [46]  and  will 
not  be  described  here.  Using  a  4  MHz  clock,  the  IM6100  runs 
about  one-third  as  fast  as  the  PDP-8/e.  One  of  the  unique 
additions  to  the  PDP-8/e  architecture  is  the  provision  for  a 
control  panel  memory  that  is  separate  from  the  normal  user 
memory.  Using  this  feature  it  is  possible  to  implement 
sophisticated  program  monitoring  and  debugging  aids. 

The  Intersil  IM6102  MEDIC  chip  comes  in  a  40  pin 
package  and  is  specially  designed  to  enhance  the 
capabilities  of  the  IM6100.  The  features  provided  by  this 
device  are: 


expansion  of  memory  addressability  to  32,768  words. 
This  is  done  in  a  manner  compatible  with  the  PDP-8/e 
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memory  extension  hardware, 
real  time  clock 

dynamic  random  access  memory  refresh  control  signals 
interleaved  zero  overhead  direct  memory  access  (DMA) 
control 

The  MEDIC  chip  was  included  on  the  processor  board 
specifically  because  of  its  memory  extension  capability. 
Neither  the  dynamic  ram  nor  the  zero  overhead  DMA  support 
features  have  been  used.  The  real  time  clock  is  really  an 
interval  timer  and  has  only  rarely  been  used.  The  accuracy 
of  the  interval  timer  is  limited  by  the  accuracy  of  the 
crystal  used  to  generate  the  processor  clock.  A  0.02  per 
cent  crystal  was  used  on  the  processor  board.  It  is 
possible  to  modify  the  board  to  accept  an  externally 
supplied  2  MHz  clock  for  use  with  the  real  time  clock.  This 
was  done  on  one  board  in  order  to  allow  use  of  a  rubidium 
standard  as  the  time  base. 

Intersil  claims  that  both  the  IM6100  and  the  IM6102  are 
TTL  compatible.  However,  the  data  sheet  specifies  that  the 
lower  value  allowed  for  the  high  logic  level  is  70%  of  the 
supply  voltage  (5  volts).  The  minimum  guaranteed  voltage  in 

the  high  state  for  TTL  is  2.4  volts.  This  is  about  0.9 

volts  below  the  3.5  needed  for  the  CMOS  chips.  This  was 
accomodated  for  by  placing  pull-up  resistors  on  the  CMOS 
input  lines  and  using  the  INTEL  8226  for  the  data  lines. 
The  8226  has  a  guaranteed  minimum  of  3.65  volts  on  the  high 
state.  There  are  no  problems  with  the  IM6100  or  the  IM6102 

driving  either  TTL  or  LS  TTL  logic  as  long  as  the  loading  is 

kept  within  the  specified  limits. 

Provisions  on  the  processor  board  for  an  operator's 
console  are  minimal.  The  provided  console  support  consists 
of 


a  push  button  used  to  activate  the  initial  program 
loading  sequence  (bootstrap) 

a  push  button  used  to  toggle  the  RUN/HALT _ state 
an  indicator  to  show  if  the  processor  is  in  the  RUN  or 
the  HALT  state 

an  indicator  to  show  if  the  plus  five  volt  power  supply 
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is  operating 

Connection  between  the  processor  board  and  the  front 
console  hardware  is  made  via  a  16  wire  ribbon  cable  which 
plugs  onto  the  top  left  of  the  processor  board.  The  pin 
assignments  on  this  connector  are: 

Pin  1  Boot  push  button  normally  open  side 

Pin  2  Boot  push  button  normally  closed  side 

Pin  3  Run/halt  push  button  normally  open  side 

Pin  4  Run/halt  push  button  normally  closed  side 

Pin  5  Run  indicator  LED  ground  side 

Pin  6  Run  indicator  LED  positive  side 

Pin  7  5  volt  power  LED  positive  side 

Pin  8  5  volt  power 

Pins  9-16  ground 

The  bootstrap  procedure  can  be  initiated  by  either 
pressing  the  the  BOOT  push  button  on  the  front  console  or  by 
grounding  the  BOOT-  line  on  the  processor  bus.  The  first 
step  in  the  booting  procedure  is  the  generation  of  a  system 
wide  reset.  Next,  the  bootstrap  memory  is  activated.  This 
memory  overlays  normal  read/write  memory  and,  when  active, 
inhibits  instruction  fetches  from  the  memory  locations  that 
it  overlays.  These  are  memory  locations  7740  (8)  thru 
7777  (8).  Execution  of  the  bootstrap  program  by  the  IM6100 
automatically  starts  at  location  7777  (8).  Any  legal  IM6100 
instruction  can  be  executed  from  the  boot  memory.  Normally 
the  bootstrap  program  consists  of  a  small  device  handler 
which  is  used  to  read  a  control  program  into  normal  memory 
and  then  place  it  into  execution.  The  boot  memory  is 
automatically  disabled  when  the  processor  fetches  an 
instruction  from  a  memory  location  not  contained  within  the 
boot  memory  address  space. 

In  the  PDP-8/e,  the  clear  all  flags  (CAF)  instruction 
is  used  to  initialize  the  processor  state  as  well  as  the 
states  of  all  peripheral  equipment  attached  to  the 
processor.  In  the  IM6100,  the  CAF  initializes  both  the 
processor  and  the  MEDIC.  However,  no  control  pulse  is 
generated  with  which  to  initialize  devices  outside  of  these 


194 


two  chips.  Intersil  recommends  that  each  device  interface 
decode  the  CAF  instruction  and  take  the  proper  action. 
Rather  than  have  to  cope  with  including  the  required  logic 
on  each  device  interface,  it  was  decided  to  decode  the  CAF 
instruction  on  the  processor  board  and  generate  an 
initialize  pulse. 

The  signals  brought  to  the  processor  card  edge 
connector  define  the  structure  of  the  bus  used  with  this 
card.  One  of  the  most  important  aspects  of  the  design  of  a 
bus  is  its  termination.  Ideally,  each  bus  line  should  be 
terminated  at  both  ends  using  a  load  equal  to  the  line's 
characteristic  impedance.  Doing  this  eliminates  the 
possibility  of  noise  generating  reflections  which  is  a 
problem  in  high  speed  systems.  The  characteristic  impedance 
of  printed  circuit  and  wire-wrapped  buses  runs  on  the  order 
of  100  to  150  ohms.  Commonly  used  termination  methods  are: 


Series  connection  of  the  bus  line  thru  a  120  ohm 
resistor  to  a  "stiff"  power  supply.  For  a  TTL 
compatible  system,  the  supply  voltage  would  be  on  the 
order  of  3  volts. 

Connection  of  the  bus  line  to  the  center  of  a  resistive 
divider  connected  between  the  supply  voltage  and 
ground.  For  a  TTL  compatible  system,  a  220/330  divider 
is  often  used.  The  220  ohm  resistor  connects  to  +5 
volts  and  the  330  ohm  resistor  connects  to  ground.  The 
common  point  is  tied  to  the  bus  line. 

Connection  to  the  bus  line  using  a  series  connection  of 
a  resistor  and  a  capacitor.  This  configuration  reduces 
the  dc  load  that  must  be  driven  but  does  this  by  adding 
extra  capacitance  to  the  bus  which  slows  it  up.  By 
testing  it  was  found  that  a  100  pf  capacitor  in  series 
with  82  ohms  made  an  effective  termination. 


Each  of  the 
drawbacks.  The 
terminate  each  1 
on  the  processor 
end  of  the  bus. 


above  methods  has  its  advantages  and 
approach  taken  in  the  CEL  system  was 
ine  with  a  220/330  resistor  divider  direc 
board  and  use  an  R/C  termination  at  the 
This  has  worked  well  with  both  prin 
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to 

tiy 

far 

ted 


circuit  buses  and  wire-wrapped  back  planes. 

The  DM1200  bus  is  built  around  the  122  pin  connector 


used  by  Augat  with  its  R-series  of  modules.  Two  versions  of 
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the  connector  are  available.  One  version  accepts  1/8"  thick 
modules  and  the  other  accepts  1/16"  thick  modules.  The 
connector  accepting  1/16"  modules  was  chosen  for  use  because 
it  is  easier  to  have  printed  circuit  boards  made  with  this 
thickness.  Of  the  122  pins,  4  were  used  for  +5  volts  power, 
2  for  +15  volts,  2  for  -15  volts,  56  for  ground  connections, 
48  for  signal  lines,  6  unassigned  and  4  with  no  connection. 

The  bus  has  been  implemented  both  as  a  printed  circuit 
back  plane  and  as  a  wire-wrapped  back  plane.  The  printed 
circuit  version  has  provision  for  18  modules.  The  connector 
side  is  a  ground  plane.  The  signal  lines'  and  ground  lines 
are  located  on  the  back  side.  Ground  lines  are  connected  to 
the  ground  plane  via  printed-thru  holes  at  each  connector 
position.  Each  signal  line  has  a  ground  line  on  either  side 
of  it.  The  processor  card  is  normally  located  at  one  end  of 
the  bus  and  a  passive  terminator  card  is  located  at  the 
other  end  of  the  bus.  The  positioning  of  other  modules  is 
arbitrary.  Two  wire-wrapped  configurations  have  been 
implemented  to  date.  The  version  used  in  the  beamformer  is 
a  short  bus  extending  over  9  card  positions.  It  was  not 
necessary  to  terminate  this  version  at  both  ends  of  the  bus. 
The  wire-wrap  version  produced  to  be  used  with  the  9  track 
tape  system  extends  over  the  entire  length  of  the  19  inch 
wide  logic  bay.  It  was  necessary  to  terminate  this  bus  at 
both  ends. 

The  signals  available  on  the  bus  are  pretty  much  those 
provided  on  the  IM6100  and  IM6102  for  bus  use.  A  notable 
extension  is  the  provision  for  an  additional  3  bits  of 
address.  Using  a  special  controller  (not  yet  designed),  it 
is  possible  to  extend  the  memory  address  space  up  to  256K 
words.  For  the  most  part,  signals  on  the  bus  are  negative 
logic.  A  high  level  corresponds  to  the  logical  0  state  and 
a  ground  level  corresponds  to  the  asserted  or  logical  1 
state.  Care  was  exercised  so  that  the  unasserted  states  on 
the  bus  corresponded  to  the  least  hazardous  function.  The 
list  given  below  identifies  the  signals  present  on  the  bus 
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and  gives  a  brief  description  of  their  functions.  For  a 
more  detailed  description  and  information  about  timing, 
consult  the  Intersil  documentation  [46]. 


Pins  1-2,  5-57,  60-61 
Pins  62-63,  121-122 
Pins  3,  64 
Pins  4,  65 


ground  lines 
+  5  volts  power 
+15  volts  power 
-15  volts  power 


Pin  8 


Pin  66 
Pin  67 
Pin  68 
Pin  69 

Pin  70 
Pin  71 
Pin  72 

Pin  73  DMAEN- 


Pin  74  DMAREQ- 
Pin  75  CPREQ- 


Pin  76  RUNHLT- 


This  line  was  intended  for  use  in  chaining 
interrupt  requests  in  the  manner  defined  by 
the  Intersil  IM6101  Parallel  Interface 
Element  (PIE).  No  PIE  units  have  been  used 
in  any  of  the  interfaces  built  to  date  and 
none  are  anticipated.  This  line  is  not  in 
active  use. 

Not  assigned. 

Not  assigned. 

Not  assigned. 

Part  of  the 
under  Pin  8. 

Not  assigned. 

Not  assigned. 

Not  assigned 
This  signal 
transparent 


interrupt  chaining  described 


1  s 
DMA 


used  to  request  a 
cycle  from  the  IM6102  DMA 
controller.  This  signal  is  not  used  with 

normal  IM6100  DMA  transfers. 

Used  to  request  a  normal  DMA  memory  cycle 
from  the  IM6100. 

Momentarily  grounding  this  line  causes  the 
IM6100  to  enter  the  control  panel  mode  of 
operation.  Memory  fetches  from  normal 

memory  cease  and  are  instead  made  from 
control  panel  memory. 

Pulsing  this  pin  causes  the  RUN/HALT  flip- 
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Pin  77  RESET- 


Pin  78  SKPINT- 


Pin  79  BOOT- 
Pin  80  IODIS- 


Pin  81  MEMDIS- 


Pin  82  EMA2- 


Pin  83  EMA1 


flop  in 

the 

IM6100  to 

change  s 

Causes 

the 

IM6100  t 

o  halt 

program 

coun 

ter  to  1 

ocation 

memory 

f  i 

eld  0. 

Also 

initiali 

zat  i 

on  signal 

INIT-  to 

in  order 

to 

initialize 

any  per 

might  be 

pre 

sent . 

During 

input/output 

tran 

instruct 

ions 

this  line 

is  used 

skip  of 

one 

instruction.  Dur 

times  this 

line  is 

used  t 

program 

inte 

rrupt.  All  interf 

designed 

to 

remove  the 

ir  inter 

from  thi 

s  1  i 

ne  during 

the  exec 

IOT  inst 

ruct 

ion . 

Groundin 

9 

this  pin 

initiat 

causes 


the 


(IOT) 


procedure . 

This  line  is  used  to  disable  device 
interfaces  from  responding  to  IOT 
instructions  addressed  to  them.  This 
signal  was  included  for  possible  use  in 
implementing  a  general  I/O  monitor  in 
control  panel  memory.  At  present,  not  all 
device  interfaces  monitor  this  line. 

This  pin  is  used  to  disable  normal  memory 
from  responding  to  read  or  write 
operations.  This  line  is  usually  activated 
by  boards  containing  read  only  memory  in 
order  to  prevent  bus  conflicts  when  RAM  and 
ROM  addresses  are  overlapped. 

The  least  significant  bit  in  the  normal  3 
bit  memory  address  extension.  This  line  is 
stable  during  normal  memory  cycles  and  does 
not  need  to  be  latched  on  memory  boards. 

The  middle  memory  address  extension  bit. 
See  EMA2-. 
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Pin 

84 

EMA0- 

The 

most  significant 

memory 

address 

extension  bit.  See  EMA2- 

• 

Pin 

85 

co- 

One 

of  three  control 

lines 

used 

to 

determine  the  type  of  data  transfer  to  be 
made  during  an  IOT  instruction.  The  types 
of  transfers  made  based  on  the  states  of 
the  C0-,  Cl-  and  C2-  control  lines  are: 


CO-  Cl-  C2- 

H  H  H 

L  H  H 

H  L  H 

L  L  H 

*  H  L 

*  L  L 


Function 
data  is  sent  to 
data  is  sent  to 
is  cleared 
data  from  device 
data  from  device 
data  from  device 
program  counter 
data  from  device 


device 

device 


then  the  AC 


is  OR'ed  into  AC 
is  loaded  into  AC 
is  added  to  the 

is  loaded  into 


the  program  counter 


Pin 

86 

C 1  - 

See  C0-. 

Pin 

87 

C2- 

See  CO- . 

Pin 

88 

XTC+ 

Used  to  control  the  direction  of  data 

transfers  on  the  bus.  When  low,  data  is  to 
go  to  memory  or,  if  an  IOT  instruction  is 
being  excuted,  to  a  device.  When  high,  the 
transfer  direction  is  to  the  processor. 

Pin  89  INTGNT-  This  signal  is  provided  for  use  in  extended 

memory  addressing  hardware.  INTGNT-  goes 
low  whenever  an  interrupt  request  is 
granted.  The  line  stays  low  until  the 
first  IOT  instruction  following  the  grant 
is  executed. 

Pin  90  DATAF-  This  signal  goes  low  during  the  execute 

phase  of  indirectly  addressed  AND,  TAD,  ISZ 
and  DCA  instructions.  It  is  intended  for 
use  in  implementing  extended  memory 
addressing  hardware. 

Pin  91  RUN-  This  pin  is  driven  low  by  the  processor 

whenever  the  processor  is  in  the  run  state. 
92  DMAGNT-  This  pin  goes  low  whenever  a  DMA  request 


Pin 
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Pin  93  IFETCH- 


Pin  94  EXT2- 


Pin  95  EXT  1 - 

Pin  96  EXTO- 
Pin  97  CPSEL- 


Pin  98  MEMSEL- 


Pin  99  INIT- 


Pin  100  UP- 


has  been  granted  by  the  IM6100.  This 
signal  is  for  use  in  making  normal,  non¬ 
transparent  data  transfers  via  DMA. 
Indicates  that  the  processor  is  fetching  an 
instruction  from  memory  during  the  current 
memory  cycle. 

The  least  significant  bit  in  the  extra 
three  address  bits  added  to  the  bus. 
Although  this  feature  is  not  presently 
used,  all  read/write  memory  boards  check 
the  EXT0-  thru  EXT2-  address  line  when 

responding  to  memory  access  requests. 

The  mid  bit  in  the  extra  three  memory 
address  bits.  See  EXT2-. 

The  most  significant  extra  extended  memory 
address  bit.  See  EXT2-. 

The  control  memory  select  pulse.  This  is 
only  active  when  the  processor  is  operating 
in  the  control  panel  mode.  Used  in 

conjunction  with  XTC+  to  either  write  the 
contents  of  the  data  bus  into  control  panel 
memory  or  to  gate  the  control  memory 
contents  onto  the  data  bus. 

The  normal  memory  select  pulse.  Used  in 
conjunction  with  XTC+  to  either  write  the 
contents  of  the  data  bus  into  memory  or  to 
gate  the  memory  contents  onto  the  data  bus. 

This  pin  is  used  to  initialize  all 

interfaces  connected  to  the  bus.  This  line 
is  driven  to  ground  whenever  the  CAF 

instruction  is  executed,  whenever  the 
system  is  booted  or  whenever  the  RESET- 
line  is  driven  to  ground. 

This  signal  is  used  with  the  transparent 
DMA  and  dynamic  memory  refresh  features  of 
the  IM6102.  At  present,  no  use  is  made  of 
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Pin  101  XTA- 


Pin  102  LXMAR- 


Pin  103  DEVSEL 


Pin  104  SWSEL- 


Pin  105  4MHZ- 


Pin  106  LINK- 


Pins  107  -  118 


this  signal. 

This  control  signal  is  generated  by  the 
IM6100  and  indicates  input  data  transfers 
to  the  processor.  Not  used  by  any 
interfaces . 

Used  by  memory  boards  and  I/O  interfaces  to 
load  the  contents  of  the  data  bus  into 
local  address  registers.  The  trailing  edge 
signifies  a  stable  address  on  the  data  bus. 
Used  to  indicate  that  the  current  cycle 
corresponds  to  the  execution  of  an  IOT 
instruction.  The  timing  on  DEVSEL-  is  the 
same  as  for  a  memory  cycle  as  indicated  by 
MEMSEL- .  This  signal  is  used  in  conjuction 
with  CO- ,  C 1 - ,  C2-,  SKPINT-  and  XTC+  to 
determine  the  type  of  operation  to  be 
performed . 

This  signal  is  generated  whenever  operate 
instructions  which  access  the  switch 
register  are  executed.  Its  timing  is  the 
same  as  that  of  MEMSEL-  and  DEVSEL-.  This 
level  is  not  presently  used. 

A  4  MHz  square  wave.  This  signal  is  an 
inverted  version  of  the  4  MHz  clock  used  by 
the  IM6100.  This  clock  is  an  excellent 
source  of  timing  signals  for  use  in  DMA 
interfaces . 

This  signal  corresponds  to  the  LINK  bit 
contained  in  the  IM6100.  It  is  on  the  bus 
in  case  a  more  extensive  front  panel  is 
implemented  which  would  display  this  bit. 

DX0-  thru  DX 1 1- 


These  are  the  12  lines  which  make  up  the 
data  bus  over  which  all  data  transfers  are 
made.  Depending  on  the  current  cycle, 
these  lines  may  contain  memory  addresses, 
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data  to  be  read  from  or  written  to  memory, 
data  passing  between  the  processor  and  I/O 
devices,  etc.  Line  DX0-  is  the  most 
significant  bit  and  line  DX11-  is  the  least 
significant  bit. 

6.1.2  Read/Write  Memory  Board  ( 1 2K) 

The  12K  read/write  memory  board  contains  12K  words  of 
12  bits.  The  memory  is  organized  as  three  4096  word  memory 
fields  and  is  composed  of  4K  by  1  bit  static  RAMS.  The 
IM6100  cycle  time  is  such  that  memory  chips  with  450  ns 
access  times  can  be  used.  However,  low  cost  RAM  chips  were 
available  with  250  ns  access  times  and  were  used  instead. 
The  use  of  the  faster  memory  chips  should  prove  useful  when 
the  processor  is  upgraded  to  a  faster  unit.  Their  presence 
was  also  exploited  in  the  9  track  tape  DMA  interface. 

The  low  12  address  bits  are  latched  on  the  board  using 
the  LXMAR-  control  line.  The  six  extended  memory  address 
bits  are  not  latched  and  must  remain  stable  during  all 
memory  transfers.  The  EXT0-  thru  EXT2-  lines  are  used  to 
assign  a  board  to  one  of  8  possible  "super"  banks  of  32,768 
words.  The  EMA0-  thru  EMA2-  lines  are  decoded  to  allow 
assignment  of  any  of  the  three  4K  fields  to  any  of  the  8 
possible  field  assignments  in  a  given  "super"  bank. 

"Super"  bank  and  field  assignments  are  made  using 
jumper  headers.  Looking  at  the  memory  board  from  the 
component  side  with  the  connector  in  the  down  direction,  the 


" super " 

bank  assignments  are  made 

on 

the 

center  left 

heade 

position 

and  normal 

field  assignments 

are 

made  on  the 

cente 

right  header. 

"Super"  bank  as 

signments  are 

made 

by 

connect ing 

any  on 

of  pins 

1  thru  8  as 

follows : 

to  pin  1 

5  for  "super" 

bank 

0 

( normal ) 

to  pin  1 

4  for  "super" 

bank 

1 

to  pin  1 

3  for  "super" 

bank 

2 
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to 

pin  12  for 

"super" 

bank  3 

to 

pin  1 1  for 

"super" 

bank  4 

to 

pin  10  for 

"super" 

bank  5 

to 

pin  9  for 

"super" 

bank  6 

to 

pin  8  for 

"super" 

bank  7 

The 

three 

4K  fields 

on  the  board  are  named  A,  B  and  C. 

Field  A 

is  the  field  top 

most  on 

the  board,  B  is  the  center 

field  and 

C  is 

the  field 

closest 

to  the  connector. 

The 

field 

assignments  within 

a  "super"  bank  are  made 

using  jumpers  to  connect  the  decoded  field  addresses  to  the 
enable  lines  of  the  individual  4K  fields.  On  the  field 
selection  header  pin  1  corresponds  to  memory  field  A,  pin  2 
to  memory  field  B  and  pin  3  to  memory  field  C.  Pins  15  thru 
8  correspond  to  field  addresses  0  thru  7  respectively. 

Connecting  pin  4  to  pin  5  on  the  field  address  header 
allows  memory  field  C  to  also  respond  to  control  panel 
read/write  operations.  This  aliases  the  control  panel 
memory  with  one  field  of  standard  memory.  This  feature  was 
included  in  order  to  simplify  the  developement  of  control 
panel  software. 

The  signals  used  by  this  board  are: 


LXMAR- 

EMAO- 

MEMDIS- 


CPSEL-  XTC+  EXTO-  EXT  1 -  EXT2- 

EMA1-  EMA2-  MEMSEL-  DXO-  thru  DX11- 


6.1.3  Read  Only  Memory  Board 


The  read  only  memory  (ROM)  board  is  intended  for  use  as 
a  memory  unit  which  can  be  used  to  store  executable  programs 
and  data.  A  small  program  executing  out  of  either  the  boot 
ROM  or  normal  read/write  memory  can  be  used  to  transfer 
information  from  the  ROM  board  into  normal  read/write 
memory.  Depending  on  the  type  of  ROM  used,  a  single  ROM 
board  can  contain  a  maximum  of  either  1 6K  or  32K  words. 

The  ROM  memory,  once  activated,  overlays  normal  memory 
address  space  and  is  addressed  in  the  same  manner  as  normal 
memory.  Whenever  an  indirect  fetch  is  attempted  from  a 
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memory  area  overlayed  by  an  active  ROM  card,  the  ROM  card 
suppresses  the  the  response  from  normal  memory  and  instead 
supplies  the  contents  of  the  corresponding  address  in  its 
memory.  When  a  write  is  made  to  a  memory  area  associated 
with  an  active  ROM  board,  the  ROM  board  takes  no  action 
allowing  the  value  to  be  written  into  normal  read/write 
memory . 

Up  to  8  ROM  boards  can  be  associated  with  a  given 
device  address.  Only  one  of  these  boards  can  be  active  at  a 
given  time. 

Device  address  47  was  selected  for  use  by  the  ROM 


board . 

Instruction 

Set 

RMSL 

6470 

Skip  if  there  is  an  active  ROM  board 
overlays  memory  fields  0  thru  3. 

which 

RMSH 

6471 

Skip  if  there  is  an  active  ROM 
overlays  memory  fields  4  thru  7. 

board 

which 

RMDI 

6472 

Disable  all  ROM  boards  using  th 

address . 

i  s 

device 

RMEN 

6473 

Enable  all  ROM  boards  associated 

device  address. 

with 

this 

RMAD 

6474 

Enable  the  ROM  board  associated  with 

address  as  selected  by  bits  8-11 

this  device 

of  the  AC. 

Each  ROM  board  has  a  select  address  associated 
with  it  which  is  set  on  the  board  via  a  switch 
setting  or  jumper.  This  IOT  loads  a  three  bit 
select  address  register  from  the  low  three  bits 
of  the  AC.  This  address  is  decoded  and  compared 
against  the  select  address  set  on  the  board. 
Only  the  board  set  to  the  proper  address  will 
respond  to  read  requests.  The  select  address 
register  on  all  boards  is  zeroed  when  power  is 
first  applied  and  whenever  the  INIT-  bus  signal 
is  generated. 
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6475  Not  used. 

6476  Not  used. 

6477  Not  used. 

If  16K  ROMs  (type  2716)  are  used  on  the  ROM  board  then, 
when  active,  the  board  overlays  16K  words  of  normal  address 
space.  Switches  located  on  the  board  determine  whether  the 
low  1 6K  words  (addresses  00000  (8)-37777  (8))  or  the  high 
1 6K  words  (addresses  40000  (8)-77777  (8))  are  overlayed.  If 
32K  ROMs  (type  2732)  are  used  on  the  board,  then  the  entire 
32K  words  of  normal  address  space  are  overlayed.  The 
"super"  bank  address  bits  on  the  bus  are  not  decoded.  The 
board  select  address  register  was  included  in  order  to  allow 
addressing  beyond  32K  words.  Presently  all  boards  have  been 
built  up  using  1 6K  ROMs. 

The  ROMs  are  programmed  using  the  CEL  EPROM  programmer 
designed  and  built  by  H.  Eshragian  [47].  L.  Connolly's 
DMROM  program  [48]  is  used  to  interface  between  the  PDS 
operating  system  [49]  and  the  programmer.  Three  2716 
errasable  programmable  read  only  memories  are  used  per  4K 
memory  field.  Fig.  6.1  shows  the  positions  of  these  ROMs  on 
the  board.  Each  row  of  three  overlays  a  4K  memory  field. 
The  lowest  address  field  is  physically  the  row  of  ROMs 
closest  to  the  connector.  The  closer  a  row  of  ROMs  is  to 

the  top  of  the  board,  the  higher  the  address  of  the 

corresponding  memory  field.  In  a  given  row  the  left  most 
ROM  contains  the  most  significant  8  bits  of  the  contents  of 
even  address  memory  locations.  The  middle  ROM  contains  the 
most  significant  8  bits  of  the  contents  of  odd  address 
memory  locations.  The  right  most  ROM  contains  the  least 
signf icant  4  bits  of  the  contents  of  the  even  address  memory 
locations  and  the  least  significant  4  bits  of  the  contents 
of  the  odd  address  memory  locations.  These  ROMs  are  labeled 
E,  0  and  M  going  from  left  to  right. 

Fig.  6.1  also  shows  the  positions  of  three  switch 

groups  and  one  jumper  which  are  used  to  configure  the  ROM 
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Fig.  6.1.  ROM  board  memory  and  switch  locations 

board . 

Switch  group  SW1  consists  of  8  switches  or  jumpers. 
Positions  1  thru  6  are  used  to  set  the  six  bit  device 
address  that  the  ROM  board  responds  to.  Switch  position  1 
corresponds  to  the  most  significant  address  bit  and  switch 
position  6  corresponds  to  the  least  significant  address  bit. 
A  closed  switch  corresponds  to  a  one  in  the  corresponding 
bit  of  the  device  address.  Switch  position  7  is  not  used. 
Switch  position  8  must  be  closed  if  the  ROM  board  is  to 
overlay  memory  fields  0  thru  3  and  open  if  it  is  to  overlay 
fields  4  thru  7. 

Switch  group  SW2  is  used  to  set  the  select  address  that 
the  board  responds  to.  Up  to  8  ROM  boards  can  be  selected 
using  a  given  device  address  and  the  select  register.  Only 
one  of  the  8  switches  should  be  closed  at  any  given  time. 
Switch  position  1  corresponds  to  select  address  0.  Select 
addresses  increase  directly  with  switch  position.  Switch 
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position  8  corresponds  to  select  address  7. 

Switch  group  SW3  consists  of  4  switches.  Switch 
positon  1  is  not  used.  If  the  board  uses  1 6K  ROMs,  the 
position  two  switch  should  be  closed  if  the  board  overlays 
memory  fields  0  thru  3  and  the  position  three  switch  should 
be  closed  if  the  board  overlays  memory  fields  4  thru  7.  If 
the  board  uses  32K  ROMs,  both  the  position  two  and  three 
switches  should  be  closed.  Switch  position  4  should  be  open 
if  32K  ROMs  are  used  and  closed  if  1 6K  ROMs  are  used. 

The  jumper  located  near  the  bottom  right  corner  of  the 
board  must  be  inserted  as  shown  in  Fig.  6.1,  depending  on 
whether  16K  or  32K  ROMs  are  used. 

Example 

The  following  is  a  small  program  intended  for  use  in 
the  bootstrap  ROM.  This  program  assumes  the  existence  of  a 
ROM  board  and  loads  the  contents  of  field  0  from  the  ROM. 


*7766 

/ 


/enable  the  ROM 

/set  up  addr  pointer  and  loop  ctr 

/get  word  from  ROM 

/place  into  r/w  memory 

/adv  address  and  see  if  done 

/not  done  yet 

/disable  ROM 

/start  normal  execution 

/at  location  0200 

/boot  starts  at  loc  7777 


A ,  RMEN 
DCA  0 
TAD  I  0 
DCA  I  0 
ISZ  0 
JMP  .-3 
RMDI 

JMP  I  .  +  1 


0200 
JMP  A 
$$$$ 


When  the  accessed  address  is  in  the  range  of  7740  thru 
7777,  both  the  boot  ROM  and  the  ROM  board  respond.  The 
contents  of  the  BOOT  memory  will  be  copied  into  normal 
memory  if  the  ROM  memory  contains  zeros  in  these  locations. 
Also,  the  contents  of  location  0  in  the  ROM  memory  is 
assumed  to  contain  a  zero. 

The  processor  used  in  the  beamformer  uses  a  version  of 
the  above  bootstrap  which  reads  two  memory  fields  out  of  ROM 
into  read/write  memory. 
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The  bus  signals  used  by  this  board  are: 

DATAF-  MEMSEL-  XTC+  EMA0-  EMA 1 -  EMA2- 

DEVSEL-  INIT-  LXMAR-  SKPINT-  DX0-  thru  DX11- 
MEMDIS- 

6.1.4  Serial  Communication  Interface 


The  serial  communication  interface  supports  full  duplex 
bit  serial  information  transfers  between  the  processor  and 
external  equipment  such  as  printers  and  terminals.  The 
instruction  set  is  upward  compatible  with  that  used  on  the 
PDP-8/e.  The  features  added  include  the  ability  to  change 
baud  rates  under  program  control  and  the  inclusion  of  the 
status  register.  The  interface  is  contained  on  a  single 
printed  circuit  board  which  plugs  into  the  processor  bus. 
Connection  is  made  to  external  equipment  via  a  16  pin  cable 
connector  located  on  the  top  right  corner  of  the  board. 
Input  and  output  signals  are  RS-232  compatible.  Limited 
capability  for  handshake  interaction  with  an  external  device 
via  RS-232  control  lines  is  provided.  The  default  baud  rate 
is  jumper  set.  The  baud  rate  can  be  switched  between  the 
set  value  and  9600  baud  using  a  control  line  on  the  cable 
connector.  If  the  control  pin  is  left  open,  the  default 
baud  rate  is  used.  Typically,  this  is  300  baud.  If  the 
control  pin  is  pulled  high,  the  9600  baud  rate  is  used. 
Most  of  CEL's  CRT  terminals  have  been  wired  so  that  the  act 
of  connecting  them  to  the  interface  switches  the  rate  to 
9600  baud.  Other  baud  rates  can  be  selected  under  program 
control.  Two  device  addresses  are  used;  one  for  receiving 
and  one  for  transmitting.  The  device  addresses  are  jumper 
selectable.  Device  addresses  03  and  04  are  always  used  for 
standard  terminal  input  and  output  (in  that  order).  If 
additional  interfaces  are  present,  the  address  pairs  are 
normally : 


66  (output)  67  (input)  first  additional  interface 
64  (output)  65  (input)  second  additional  interface 
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62  (output)  63  (input)  third  additional  interface 
60  (output)  61  (input)  fourth  additional  interface 

Receiver  Instruction  Set 

The  mnemonics  given  below  are  those  normally  associated 
with  the  receiver  instruction  set  when  the  interface  is  used 
to  connect  the  operator's  console  to  the  processor. 


KCF  6030 
KSF  6031 

KCC  6032 

KST  6033 

KRS  6034 

KIE  6035 


KRB  6036 


The  received  character  flag  is  cleared. 

If  the  received  character  flag  is  not  set,  this 
instruction  acts  as  if  it  were  a  NOP.  If  the 
flag  is  set,  the  immediately  following  memory 
location  is  skipped  over. 

The  received  character  flag  is  cleared.  The 
contents  of  the  accumulator  are  set  to  0. 

The  interface  status  word  replaces  the  contents 
of  the  accumulator.  The  status  word  is 
described  below. 

The  contents  of  the  received  character  buffer 
are  OR'ed  into  the  accumulator. 

The  contents  of  the  accumulator  bits  4  thru  1 1 
are  loaded  into  the  interface  control  register. 
This  register  makes  up  the  lower  8  bits  of  the 
interface  status  word  described  below.  The 
contents  of  the  accumulator  are  not  altered  by 
this  instruction. 

The  contents  of  the  received  character  buffer 
replace  the  contents  of  the  accumulator. 
Assuming  an  eight  bit  character,  the  character 
is  placed  into  bits  4  thru  11  of  the  accumulator 
with  bits  0  thru  3  of  the  accumulator  being  set 
to  0.  Bits  0  thru  3  can  instead  be  selected 
under  program  control  to  represent  the  error 
status  associated  with  the  received  character. 
This  instruction  also  clears  the  received 
character  flag. 
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KTR  6037  If  the  received  character  flag  is  not  set,  this 
instruction  acts  as  if  it  were  a  NOP.  If  the 
flag  is  set,  the  contents  of  the  received 
character  buffer  replace  the  contents  of  the 
accumulator,  the  immediately  following  memory 
location  is  skipped  over  and  the  flag  is 
cleared . 


The 

status  word 

bits 

correspond  to  the 

state  of  four 

EIA  compatible  input 

line 

s  and  the  contents 

of  the  interface 

control 

register . 

Bit 

assignments  and 

interpretation 

follow : 

Bit  0 

EIA  control 

input.  Cable  pin 

3.  Anticipated 

Bit  1 


Bit 


Bit 


use  is  with  a  data  set  as  carrier  detect,  EIA 
pin  8.  A  high  positive  EIA  signal  yields  a 


"one" 


EIA  control  input.  Cable  pin  4.  This  signal  is 
used  to  switch  between  the  jumper  selected 
default  baud  rate  and  9600  baud.  If  this  pin  is 
left  open,  the  default  rate  is  selected.  If 
this  pin  is  pulled  to  +5  volts  or  higher,  the 
rate  of  9600  baud  is  selected.  Selecting  a  baud 
rate  under  program  control  overrides  this 
control  action.  EIA  connector  pin  22  is  used 
for  this  function. 

EIA  serial  input  data.  Cable  pin  1.  The  serial 
input  data  stream.  With  a  terminal,  this  would 
connect  to  EIA  pin  2.  A  negative  or  zero  EIA 
signal  (MARK)  yields  a  "one". 

EIA  serial  output  data.  Cable  pin  5.  The 
serial  output  stream  generated  by  the  interface 
as  monitored  at  the  input  of  the  EIA  driver. 
With  a  terminal,  this  would  connect  to  EIA  pin 
3.  A  "one"  corresponds  to  a  negative  (MARK)  EIA 
signal . 
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The  remaining  8  status  bits  correspond  to  the  bits  in 
the  interface  control  register.  Bits  8  thru  10  of  this 
register  are  set  to  "zero"  and  bit  11  is  set  to  "one" 
whenever  the  system  is  reset.  This  can  happen  when  power  is 
applied,  when  booting  or  when  a  CAF  instruction  is  executed. 
The  interface  control  register  is  loaded  via  the  KIE 
instruction . 


Bit 


Bit 


Bit 


Bit  7 


Bits  8-10 


Baud  rate  select  bit.  If  this  bit  is  a  "zero", 
the  jumper  set  default  baud  rate  is  used.  If  a 
"one",  the  baud  rate  is  determined  by  control 
register  bits  8  thru  10. 

Error  status  enable  bit.  This  bit  determines 
whether  bits  0  thru  3  of  the  accumulator  are  to 
contain  the  error  status  bits  when  a  received 
character  is  read  into  the  accumulator.  A 
"zero"  in  this  bit  inhibits  the  reading  of  the 
error  bits.  A  "one"  in  this  bit  enables  the 
reading  of  the  error  bits. 

Drives  an  El A  output  level.  Corresponds  to 
cable  pin  8.  Anticipated  use  is  with  a  data  set 
as  the  data  terminal  ready  signal,  EIA  pin  8.  A 
"one"  in  this  bit  generates  an  EIA  high  level. 
Drives  an  EIA  output  level.  Corresponds  to 
cable  pin  7.  Anticipated  use  is  with  a  data  set 
as  the  request  to  send  signal,  EIA  pin  4.  A 
"one"  in  this  bit  generates  an  EIA  high  level. 
Program  control  baud  rate  selector  bits.  Two 
sets  of  baud  rates  are  available  depending  on 
the  presence  or  absence  of  a  jumper  on  the 
interface  board.  The  primary  set  of  baud  rates 
available  (no  jumper)  and  the  associated  values 
of  bits  8  thru  10  is: 


000 

9600 

baud 

100 

2400 

baud 

001 

4800 

baud 

101 

300 

baud 

010 

1800 

baud 

1  10 

150 

baud 

Bit  1 1 


21  1 


01 1  1200  baud 


1  1  1 


1 1 0  baud 


The  alternate  set  of  baud  rates  (jumper  in 
place)  and  the  associated  values  of  bits  8  thru 
10  is: 


000 

— 

100 

134.5  baud 

001 

— 

101 

200  baud 

010 

50  baud 

110 

600  baud 

01  1 

75  baud 

1  1  1 

2400  baud 

Interrupt 

enable  bit. 

This 

bit  is 

set  to 

the 

"one" 

state  whenever 

the 

processor 

is 

initialized.  When  this 

bit 

i  s  a  " 

one"  and 

the 

processor 

interrupt 

syst 

em  is 

enabled , 

the 

setting  of  either  the  receiver  or  transmitter 
flag  will  cause  a  program  interrupt.  If  this 
bit  is  a  "zero",  the  setting  of  either  flag  will 
not  cause  a  program  interrupt. 

The  interpretation  of  the  four  bits  of  received 
character  error  status  which  can  be  placed  in  accumulator 
bits  0  thru  3  when  a  character  is  read  is  as  follows: 


Bit  0 


Bit  1 


Bit  2 


Bit  3 


"One"  if  any  of  the  error  bits  1  thru  3  are  set. 
"Zero"  otherwise. 

Parity  error.  Active  only  if  the  parity  option 
is  jumper  selected.  A  "one"  indicates  that  the 
received  character  did  not  have  the  correct 
parity . 

Framing  error.  A  "one"  indicates  that  an 
invalid  stop  bit  was  contained  in  the  received 
character  frame. 

Overrun  error.  A  "one"  indicates  that  a 
character  was  received  without  the  previously 
received  character  being  read.  The  earlier 
character  is  lost. 
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Transmitter  Instruction  Set 


The  mnemonics  given  below  are  those  normally  associated 
with  the  transmitter  instruction  set  when  the  interface  is 
used  to  connect  the  operator's  console  to  the  processor. 


TFL  6040 


TSF  6041 


TCF  6042 
6043 
TPC  6044 


TSK  6045 


TLS  6046 


TTR  6047 


The  transmitter  ready  flag  is  set  indicating 
readiness  to  accept  a  character  for 
transmission. 

If  the  transmitter  ready  flag  is  not  set,  this 
instruction  behaves  as  a  NOP.  If  the  flag  is 
set,  the  immediately  following  memory  location 
is  skipped  over. 

The  transmitter  read  flag  is  cleared. 

Not  used.  Essentially  a  NOP. 

The  contents  of  the  accumulator  bits  4  thru  11 
are  loaded  into  the  transmitter  character 
buffer.  The  transmitter  then  converts  the  8  bit 
character  into  a  serial  bit  stream.  The 
contents  of  the  accumulator  are  not  altered. 

If  neither  the  receiver  nor  the  transmitter  flag 
is  set,  this  instruction  behaves  as  a  NOP.  If 
either  flag  is  set  and  the  interrupt  enable  bit 
in  the  interface  control  register  is  set,  the 
next  memory  location  is  skipped  over. 

Combines  the  operations  of  the  TCF  and  TPC 
instructions.  The  character  contained  in  the 
accumulator  is  loaded  into  the  transmitter 
buffer  and  the  transmitter  ready  flag  is 
cleared.  The  contents  of  the  accumulator  are 
not  altered. 

If  the  transmitter  ready  flag  is  not  set,  this 
instruction  behaves  as  a  NOP.  If  the  flag  is 
set,  the  contents  of  the  accumulator  bits  4  thru 
11  are  sent  to  the  transmitter  character  buffer 
for  serial  transmission,  the  next  memory 
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location  is 
flag  is  c 
accumulator 


skipped  and  the  transmitter 
leared.  The  contents  of 
are  not  altered. 


ready 

the 


Jumper  Options 


The  transmitter  and  receiver  device  address  as  well  as 
various  options  can  be  selected  using  jumpers  located  on  the 
interface  board.  There  are  three  jumper  sockets  present. 
Two  of  these  are  located  at  the  top  left  of  the  board  and 
the  third  is  located  at  the  bottom  right. 


Top  most  left  jumper  socket 

1  Transmitter  device  address  bit 

2 

3 

4 

5 

6 

7  Receiver  device  address  bit 

8 

Lower  top  most  left  jumper  socket 

1  Receiver  device  address  bit 

2 

3 

4 

5  Default  baud  rate  select  MSB 

6  Default  baud  rate  select 

7  Default  baud  rate  select  LSB 

8  Select  alternate  baud  rate  set 

Lower  right  side  jumper  socket 

1  If  parity  enabled,  wire=odd  parity,  otherwise  even 

2  Character  length  MSB  (wire="zeroM ) 

3  Character  length  LSB  (wire="zero" ) 

4  Number  of  stop  bits 

5  Wire  present  enables  parity  generation 

6  Wire  disables  boot  on  break  detect 

7  Wire  disables  control  panel  interrupt  on  break 

8  Not  used 

The  character  lengths  selected  by  jumpers  2  and  3  do 
not  include  the  parity  bit  if  one  is  generated  (wire  in 


3 

4 

5 

6 

7 

8 

3 

4 


( wire="one" ) 


( wire="one" ) 


5 

6 

7 

8 

( wire="zero" ) 
(wire="zero" ) 

( wire="zero" ) 

( wi re=alternate ) 
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Pin  1 


Pin  2 


s,  1 

0=6  bits,  01=7  bits 

and 

t  ion 

gives  1 . 5  stop 

bits 

two 

for  all  others.  A 

wire 

has 

only  jumpers  6  and  7 

able 

connector  are: 

int 

erface  (RS-232  pin 

2  if 

11=8  bits. 

No  wire  in  the  stop  bit  pc 
for  5  bit  long  characters  ar 
present  yields  1  stop  bit. 

A  normally  configured  heac 
installed. 

pin  assignments  on  the 
Serial  EIA  signal  t 
connected  to  a  terminal). 

EIA  signal  to  interface  used  to  allow  or  inhibit 
output  from  the  interface.  Intended  for  use  a  a 
hardware  handshake  signal  with  high  speed  hard  copy 
devices.  If  left  open,  has  no  effect.  If  driven 
to  +5,  inhibits  serial  output  by  preventing 
transmitter  flag  from  setting.  Returning  level  low 
again  allows  normal  operation. 

EIA  signal  to  interface  assigned  for  use  in 
monitoring  the  carrier  detect  output  of  a  modem 
(RS-232  pin  8) . 

EIA  signal  to  interface  used  to  set  baud  rate 
externally.  Open  or  negative  input  allows  jumper 
default  rate  to  be  used.  Positive  input  forces  use 
of  9600  baud. 

EIA  serial  output  from  interface  (RS-232  pin  3  if 
connected  to  a  terminal). 

Clock  generated  by  interface  at  16  time  the 
selected  baud  rate.  Uses  RS-232  levels. 

EIA  control  signal  generated  by  interface. 

Normally  used  to  generate  RTS  (RS-232  pin  4). 

EIA  control  signal  generated  by  interface. 
Normally  used  to  generate  DTR  (RS-232  pin  8). 

Pins  9-16  Ground. 

The  bus  lines  used  by  this  interface  are: 


Pin  3 


Pin  4 


Pin  5 


Pin  6 


Pin  7 


Pin  8 


CPREQ-  SKPINT-  BOOT- 

XTC+  I NIT-  LXMAR- 


IODIS-  CO-  C 1 - 

DEVSEL-  DX0-  thru  DX11- 
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6.1.5  Fast  Arithmetic  Device 


The  Fast  Arithmetic  Device  (FAD)  is  a  hardware  addition 
to  the  DM1200  designed  to  speed  up  the  double  precision 
arithmetic  operations  commonly  used  in  CEL  written  signal 
processing  software.  The  FAD  is  contained  on  a  single  wire- 
wrap  board  and  plugs  directly  into  the  processor  bus. 

The  operations  supported  by  the  FAD  include  24  bit 
complex  addition  and  subtraction  as  well  as  instructions  for 
a  variety  of  multiply  and  multiply/sum  operations.  Using 
the  FAD,  the  time  required  to  multiply  two  signed  24  bit 
values  is  13  microseconds  (not  including  set-up  time) 
compared  to  4.5  milliseconds  to  do  the  equivalent  operation 
in  software.  The  FAD  does  not  contain  any  provision  for 
detecting  arithmetic  overflows  and  must  be  used  with  some 
caution . 

The  FAD  is  organized  as  two  24  bit  input  registers 
named  X  and  Y  and  one  48  bit  output  register  named  P. 

The  X  and  Y  registers  are  loaded  from  the  accumulator 
using  IOT  instructions  to  individually  load  the  most  and 
least  significant  12  bit  halves.  Loading  the  X  register 
also  causes  the  Y  register  to  be  loaded  with  the  same  value. 
Loading  the  Y  register  has  no  effect  on  the  contents  of  the 
X  register.  It  is  not  possible  to  directly  read  the 
contents  of  these  two  registers. 

The  48  bit  P  register  is  used  to  hold  the  results  of 
the  various  arithmetic  operations.  This  register  is  read 
into  the  IM6100  as  four  12  bit  words  named  P0  thru  P3  going 
from  most  significant  to  least  significant  quarters. 
Depending  on  the  operation  being  performed,  the  P  register 
is  used  either  as  two  24  bit  registers  or  one  48  bit 
register.  When  used  as  two  24  bit  registers,  the  most 
significant  24  bits  (P0  and  PI)  are  named  Px  and  the  least 
significant  24  bits  (P2  and  P3)  are  named  Py.  The  P 
register  cannot  be  directly  loaded  from  the  accumulator. 

The  FAD  arithmetic  operations  are  implemented  using  bit 
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serial  adders  and  multipliers.  While  these  are  not  as  fast 
as  currently  available  bit  parallel  units  they  are  much  more 
compact  and  require  significantly  less  power.  The 
arithmetic  operations  require  longer  than  one  IOT  execution 
time  in  order  to  finish.  A  small  delay  must  be  provided 
after  each  of  these  operations  before  initiating  a  new 
operation  or  attempting  to  read  the  result.  The  time  delay 
require  for  the  24  bit  add  and  subtract  operations  is  6.5 
microseconds  and  for  the  48  bit  add  and  the  multiply 
operations  is  13  microseconds.  This  time  can  be  used  by  the 
processor  to  do  other  things. 

Instruction  Set 


MLXM 


MLXL 


MLYM 


MLYL 


MRPO 


6340  The  contents  of  the  AC  replace  the  contents  of 
the  most  significant  halves  of  both  the  X  and 
the  Y  registers.  The  contents  of  the  P 
register  are  unchanged.  This  instruction 
clears  the  AC. 

6341  The  contents  of  the  AC  replace  the  contents  of 
the  least  significant  halves  of  both  the  X  and 
the  Y  registers.  The  contents  of  the  P 
register  are  unchanged.  This  instruction 
clears  the  AC. 

6342  The  contents  of  the  AC  replace  the  contents  of 
the  most  significant  half  of  the  Y  register. 
The  contents  of  the  P  register  are  unchanged. 
This  instruction  clears  the  AC. 

6343  The  contents  of  the  AC  replace  the  contents  of 
the  least  significant  half  of  the  Y  register. 
The  contents  of  the  P  register  are  unchanged. 
This  instruction  clears  the  AC. 

6344  The  contents  of  word  0  of  the  P  register 

replace  the  contents  of  the  AC.  No  other 

changes  occur. 

6345  The  contents  of  word  1  of  the  P 


MRP  1 


register 
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replace 

the 

contents 

of 

the 

AC. 

No  other 

changes 

occur 

• 

MRP2 

6346 

The  contents 

of  word 

2 

of 

the  P 

register 

replace 

the 

contents 

of 

the 

AC. 

No  other 

changes 

occur 

• 

MRP  3 

6347 

The  contents 

of  word 

3 

of 

the  P 

register 

replace 

the 

contents 

of 

the 

AC. 

No  other 

changes 

occur 

• 

The  remaining  IOT  instructions  do  not  affect  the 
contents  of  the  accumulator.  Note  the  additional  times 
beyond  the  initiating  IOT  required  for  the  operations  to  be 
completed . 

MCAD  6350  Complex  add.  The  contents  of  the  X  register 

are  summed  with  the  contents  of  the  Px 
register.  The  sum  replaces  the  contents  of 
both  the  X  register  and  the  Px  register.  At 
the  same  time,  the  contents  of  the  Y  register 
and  the  contents  of  the  Py  register  are  summed 
with  the  result  replacing  both  the  contents  of 
the  Y  register  and  the  Py  register.  This 

instruction  requires  an  additional  6.5 
microseconds . 

MCSU  6351  Complex  subtract.  The  contents  of  the  X 

register  are  subtracted  from  the  contents  of 

the  Px  register.  The  result  replaces  both  the 
contents  of  the  X  register  and  the  Px  register. 
At  the  same  time,  the  contents  of  the  Y 

register  are  subtracted  from  the  contents  of 

the  Py  register  with  the  result  replacing  both 
the  contents  of  the  Y  register  and  the  Py 
register.  This  instruction  requires  an 
additional  6.5  microseconds. 

Multiply  x  and  y.  The  contents  of  the  X 
register  are  multiplied  by  the  contents  of  the 
Y  register.  The  48  bit  result  replaces  the 
contents  of  the  P  register.  The  contents  of 


MMXY  6352 
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MX2Y2 


MSXY 


MSX2Y2 


M4PS 


the  X  register  are  unchanged.  The  sign  bit 
associated  with  the  Y  register  is  propagated 
thru  the  Y  register.  The  multiply  is  signed. 
This  instruction  requires  an  additional  13 
microseconds . 

6353  Form  x  squared  plus  y  squared.  The  contents  of 
P  are  replaced  by  the  square  of  the  contents  of 
the  X  register  added  to  the  square  of  the 
contents  of  the  Y  register.  The  sign  bit 
associated  with  the  X  register  is  propagated 
into  the  X  register.  The  sign  bit  associated 
with  the  Y  register  is  propagated  into  the  Y 
register.  This  instruction  requires  an 
additional  13  microseconds. 

6354  Add  the  product  of  x  and  y  to  p.  The  contents 
of  the  X  register  are  multiplied  by  the 
contents  of  the  Y  register.  The  resulting  48 
bit  product  is  summed  with  the  contents  of  the 
P  register.  The  result  is  is  placed  into  the  P 
register.  The  contents  of  the  X  register  are 
unchanged.  The  sign  bit  associated  with  the  Y 
register  is  propagated  into  the  Y  register. 
The  multiply  is  signed.  This  instruction 
requires  an  additional  13  microseconds 

6355  Sum  x*x  plus  y*y  into  p.  The  contents  of  the  X 

and  the  Y  registers  are  squared  and  summed  with 
the  contents  of  the  P  register.  The  result  is 
placed  into  the  P  register.  The  sign  bit 

associated  with  the  X  register  is  propagated 
into  the  X  register.  The  sign  bit  associated 
with  the  Y  register  is  propagated  into  the  Y 
register.  This  instruction  requires  an 

additional  13  microseconds. 

6356  Four  precision  sum.  The  contents  of  the  X  and 
Y  register  are  treated  as  if  they  formed  a  48 
bit  value  with  the  X  register  holding  the  most 
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MCLP 


significant  24  bits  and  the  Y  register  holding 
the  least  significant  24  bits.  This  value  is 
summed  with  the  48  bit  contents  of  the  P 
register  with  the  sum  being  placed  into  the  P 
register.  The  most  significant  24  bits  of  the 
sum  also  replaces  the  contents  of  the  X 

register.  The  least  significant  24  bits  of  the 

sum  also  replaces  the  contents  of  the  Y 

register.  This  instruction  requires  an 
addtional  13  microseconds. 

6357  Clear  P.  The  contents  of  the  P  register  are 
set  equal  to  zero.  The  contents  of  the  X 
register  and  the  Y  register  are  not  affected. 

The  bus  signals  used  by  this  board  are: 


CO-  Cl-  XTC+ 

4 MHZ-  DXO-  thru  DX11- 


INIT- 


LXMAR- 


DEVSEL- 


6.1.6  Single  Channel  Complex  Demodulator 


The  single  channel  complex  demodulator  (SCCD)  provides 
the  DM1200  with  a  single  channel  A/D  converter  coupled  with 
a  direct  digital  "4fQn  complex  demodulator.  The  inputs  to 
the  SCCD  consist  of  a  clock  at  a  frequency  equal  to  four 
times  the  desired  demodulation  frequency  and  an  analog 
waveform  to  be  demodulated.  The  analog  waveform  is  sampled 
at  the  clock  rate,  weighted  by  plus  and  minus  ones  and 
summed  into  the  proper  X  and  Y  sums  as  needed  to  form  a 
complex  valued  demodulate.  Demodulate  values  are  made  up  of 
two  24  bit  integers.  The  real  part  of  the  demodulate  is 
named  X  and  the  imaginary  part  Y.  After  the  proper  number 
of  samples  have  been  summed,  the  result  is  transferred  to  a 
pair  of  X  and  Y  output  registers,  the  accumulation  registers 
are  zeroed  and  a  new  demodulate  is  started.  Once  a 
demodulate  has  been  loaded  into  the  output  registers  the 
data  ready  flag  is  set.  The  SCCD  can  be  configured  so  that 
the  setting  of  this  flag  causes  a  program  interrupt  in  the 
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processor.  The  processor  has  almost  the  entire  time 
required  to  form  a  new  demodulate  in  which  to  read  the 

contents  of  the  output  registers. 

The  A/D  converter  used  in  the  SCCD  is  a  12  bit 

converter  and  operates  over  a  minus  5  to  plus  5  volt  range. 
The  input  is  ac  coupled  with  an  input  impedance  of  100  Kohms 

and  a  low  frequency  cutoff  of  1  Hz.  Successive  samples  over 

one  demodulation  cycle  are  assigned  in  the  order  +X,  -Y,  -X, 
+Y.  Two  samples  are  taken  per  half  cycle  of  the 

demodulation  frequency.  The  number  of  half  cycles  to  be 

used  to  form  a  demodulate  is  set  into  the  SCCD  by  the 

processor  as  a  negative  integer  value.  If  a  value  of  -1  is 
used  and  if  the  sign  ordering  is  taken  into  account,  the 
SCCD  can  be  used  as  a  non-demodulating  A/D  converter. 

The  clock  input  is  also  ac  coupled  and  must  be 

symmetric  about  ground.  The  clock  input  impedance  is  100 
Kohms  and  has  a  low  frequency  cutoff  of  1  Hz.  The  minimum 
input  level  is  1  volt  peak-to-peak  and  the  maximum  is  5 
volts  peak-to-peak. 

The  SCCD  is  contained  on  a  single  wire-wrap  panel  onto 
which  a  small  printed  circuit  board  has  been  mounted.  The 
printed  circuit  board  contains  the  A/D  converter  and  the 
input  clock  circuit.  This  method  of  construction 
effectively  isolates  the  analog  circuit  from  the  digital. 
The  SCCD  can  be  used  in  any  DM1200  system  where  there  is 
space  available. 

External  connections  to  the  SCCD  are  made  using  a  16 
pin  cable  connector  located  on  the  analog  printed  circuit 
card.  Pin  assignments  are: 

Pin  1  Analog  input 

Pin  2  Analog  input  ground 

Pin  7  Clock  input 

Pin  8  Clock  input  ground 

Pins  9-16  Ground 

There  are  also  three  test  points  and  three  adjustment 
pots  located  on  the  analog  card.  Starting  at  the  cable 
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connector  and  working  to  the  far  end  of  the  card,  the  test 
points  are: 

-  Input  isolation  amplifier  output 

-  Ground 

-  A/D  converter  input  (track  and  hold  output) 

The  adjustments  starting  at  the  cable  connector  and 
working  toward  the  far  end  of  the  card  are: 

-  Track  and  hold  offset 

-  A/D  converter  offset  trim 

-  A/D  converter  gain  trim 

Instruction  Set 

QDSF  6421  If  the  data  ready  flag  is  set,  the  immediately 
following  instruction  is  skipped.  If  the  flag 
is  not  set,  the  instruction  is  not  skipped.  If 
a  skip  occurs,  the  data  ready  flag  is  cleared. 
QDCF  6422  Clears  the  data  ready  flag.  Bit  11  of  the 

accumulator  is  also  loaded  into  the  interrupt 
enable  register  and  then  the  accumulator  is 
cleared.  If  the  interrupt  enable  register  is 
loaded  with  a  one,  the  setting  of  the  data  ready 
flag  can  cause  a  processor  interrupt.  If  the 
interrupt  enable  register  is  loaded  with  a  zero, 
the  setting  of  the  data  ready  flag  cannot  cause 
an  interrupt  request.  The  contents  of  the 
interrupt  enable  register  are  set  to  zero 
whenever  the  INIT-  signal  is  generated. 

QDLH  6423  The  contents  of  the  accumulator  are  loaded  into 
the  half  cycle  counter.  The  value  loaded  is 
equal  to  minus  the  number  of  demodulation 
frequency  half  cycles  that  the  demodulates  are 
to  be  formed  over.  The  accumulator  is  then 
cleared . 

The  contents  of  the  most  significant  12  bits  of 
the  demodulator  X  output  register  are  loaded 


QDXM  6424 


222 


QDXL 


QDYM 


QDYL 


into  the  accumulator. 

6425  The  contents  of  the  least  significant  12 
the  demodulator  X  output  register  are 
into  the  accumulator. 

6426  The  contents  of  the  most  significant  12 
the  demodulator  Y  output  register  are 
into  the  accumulator. 

6427  The  contents  of  the  least  significant  12 
the  demodulator  Y  output  register  are 
into  the  accumulator. 

The  bus  signals  used  by  this  device  are: 


bits  of 
loaded 

bits  of 
loaded 

bits  of 
loaded 


SKPINT-  CO-  Cl-  XTC+  INIT-  LXMAR- 

DEVSEL-  4 MHZ-  DXO-  thru  DX11- 


6.1.7  Beamf ormer  Complex  Demodulator 


The  beamformer  complex  demodulator  (BFCD)  takes  the 
beamformer  output  values  and  shifts  them  to  base  band 
forming  complex  valued  demodulates  in  the  process.  The 
demodulation  frequency  can  be  set  at  any  value  from  0.001  Hz 
to  999.999  Hz  in  0.001  Hz  steps.  The  integration  interval 
can  vary  from  0.2  milliseconds  to  0.8090  seconds  in  0.2 
millisecond  steps. 

The  BFCD  consists  of  one  wire-wrapped  logic  panel  with 
an  outrigger  printed  circuit  card  mounted  on  it  and  also 
from  one  to  eight  demodulator  printed  circuit  boards.  The 
wire-wrap  panel  contains  the  interface  to  the  DM1200,  the 
timing  control  logic  and  the  synthesizer  used  to  generate 
sample  values  of  expf- j 2 tt f ^ t } .  The  outrigger  printed 
circuit  board  holds  the  ROMs  containing  the  complex 
exponential  samples  and  generates  a  bus  which  is  used  to 
provide  the  demodulator  boards  with  the  complex  exponential 
sample  values  and  control  signals.  Each  demodulator  board 
contains  the  multipliers  and  accumulators  necessary  to  form 
demodulates  for  one  beam. 

The  demodulator  boards  are  connected  to  the  control 
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board  using  top  edge  connectors.  This  bus  uses  a  40  wire 
cable  to  communicate  the  complex  exponential  sample  values 
and  a  26  wire  cable  to  communicate  control  signals. 
Information  is  transferred  between  the  demodulator  boards 
and  the  associated  beams  via  three  twisted  pairs  per 
demodulator.  An  additional  three  twisted  pairs  are  used  to 
transfer  timing  and  control  information  between  the 
beamformer  and  the  control  logic. 

Demodulates  are  formed  by  multiplying  the  beamformer 
output  values  by  sample  values  of  exp{ - j 2irf ^t }  and  summing. 
The  basic  time  step  between  beamformer  output  values  is  0.2 
milliseconds  (the  beamformer  forms  outputs  at  a  5  KHz  rate). 
The  complex  exponential  values  are  amplitude  quantized  to  16 
bits  and  time  quantized  to  2000  values.  These  sample  values 
are  stored  in  ROMs  located  on  the  small  printed  circuit 
board  attached  to  the  wire-wrap  panel.  No  attempt  was  made 
at  trying  to  compact  the  ROM  contents.  One  ROM  pair  was 
dedicated  to  holding  one  period  of  the  cosine  and  another 
pair  was  dedicated  to  holding  one  period  of  the  sine.  This 
resulted  in  a  much  simpler  device  than  would  have  been 
possible  if  an  attempt  had  been  made  to  exploit  symmetries. 
The  required  ROM  addresses  are  generated  using  a  direct 
digital  frequency  synthesizer  of  the  form  decribed  in  [12]. 

The  demodulation  frequency  is  set  using  a  6  digit  BCD 
value.  This  is  loaded  into  the  BFCD  using  two  12  bit  words. 
The  most  significant  word  contains  the  three  BCD  digits  to 
the  left  of  the  decimal  point  (integer  part)  and  the  least 
significant  word  contains  the  three  BCD  digits  to  the  right 
of  the  decimal  point  (fractional  part). 

The  number  of  beamformer  output  values  used  to  form  a 
demodulate  is  set  by  the  processor.  Using  an  IOT 
instruction,  this  number  is  loaded  into  the  control  logic  as 
a  negative  integer.  The  demodulation  summations  start  on 
the  first  5  KHz  clock  tic  that  occurs  at  or  just  after 
either  the  0  or  180  degree  transition  of  the  demodulating 
complex  exponential. 
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Beamformer  output  values  are  a  maximum  of  20  bits  in 
length.  The  demodulator  sine  and  cosine  values  use  16  bits 
and  are  normalized  so  that  the  binary  point  lies  to  the 
right  of  bit  0  (the  sign  bit).  The  product  thus  contains  a 
15  bit  fraction  which  is  retained  and  included  in  the 
demodulate  formation.  Although  this  appears  to  be  a  brute 
force  approach  to  avoiding  scaling  problems,  there  is  almost 
no  time  or  hardware  penalty  for  retaining  these  bits  because 
of  the  use  of  serial  multipliers,  adders  and  accumulators. 
Each  of  the  accumulator  registers  used  to  form  the 
demodulates  contains  48  bits. 

Once  a  complete  demodulate  has  been  formed,  it  is 
transferred  into  a  set  of  output  registers.  In  this 
transfer,  the  value  is  reduced  to  integer  form  and  scaled 
down  in  magnitude  by  from  0  to  15  bits.  This  scaling  is 
done  carefully  in  order  to  avoid  introducting  any  dc  bias 
into  the  result.  The  amount  scaled  is  preset  by  the 
processor . 

The  data  ready  flag  is  set  once  the  output  registers 
have  been  loaded  with  a  new  demodulate  value.  The  processor 
has  almost  an  entire  demodulate  time  in  which  to  read  the 
contents  of  these  registers. 

Demodulator  boards  are  addressed  thru  the  control  logic 
by  loading  a  board  address  register  and  then  using  "generic" 
read  register  IOT  instructions.  The  address  that  a  given 
board  responds  to  is  set  using  a  jumper  located  near  the 
center  of  that  board.  Demodulator  board  addresses  range 
from  0  thru  7. 

There  are  two  24  bit  output  registers  on  each 
demodulator  board.  The  X  register  contains  the  real  part  of 
the  demodulate  and  the  Y  register  contains  the  imaginary 
part.  The  contents  of  these  registers  are  read  in  12  bit 
units . 

It  is  possible  to  freeze  the  integration  counter  and 
hold  it  in  its  initial  state.  Using  this  capability  along 
with  an  externally  supplied  timing  signal,  it  is  possible 
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for  the  processor  to  restart  the  integration  process  after 
an  interruption  with  a  timing  uncertainty  of  0.2 
milliseconds  or  less.  Although  the  integration  counter  is 
frozen,  the  formation  of  demodulate  values  continues.  Thus, 
after  un-freezing  the  counter,  the  first  set  of  demodulate 
values  should  be  discarded. 

Instruction  Set 

BDSF  6441  Skip  the  next  instruction  if  the  data  ready  flag 
is  set.  If  the  flag  is  not  set,  do  not  skip  the 
next  instruction.  If  a  skip  occurs,  the  flag  is 
then  cleared.  This  instruction  always  clears 
the  accumulator. 

BDCF  6442  Clear  the  data  ready  flag.  Also  loads  the 
contents  of  accumulator  bit  11  into  the 
interrupt  enable  register  and  then  clears  the 
accumulator.  If  the  interrupt  enable  register 
contains  a  one,  the  setting  of  the  data  ready 
flag  can  cause  a  program  interrupt  in  the 
processor.  If  the  interrupt  enable  register 
contains  a  zero,  the  setting  of  the  data  ready 
flag  cannot  cause  a  program  interrupt.  The 
interrupt  enable  register  is  loaded  with  a  zero 
when  ever  the  INIT-  signal  is  generated. 

BDFM  6443  The  most  significant  half  of  the  frequency 

control  register  is  loaded  from  the  accumulator. 
The  accumulator  is  then  cleared.  The  value 
loaded  is  the  integer  part  of  the  desired 
frequency  and  is  represented  using  three  BCD 
digits . 

The  least  significant  half  of  the  frequency 

control  register  is  loaded  from  the  accumulator. 
The  accumulator  is  then  cleared.  The  value 
loaded  is  the  fractional  part  of  the  desired 
frequency  represented  using  three  BCD  digits. 


BDFL  6444 
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BDLT  6445  The  contents  of  the  accumulator  are  loaded  into 
the  integration  count  register.  The  accumulator 
is  then  cleared.  The  value  in  the  accumulator 
should  be  minus  the  number  of  beamformer  output 
values  that  are  to  be  used  in  forming  a 
demodulate.  Beamformer  output  values  are 
produced  at  a  5  KHz  rate. 

BDLS  6446  The  value  contained  in  accumulator  bits  8  thru 
11  is  loaded  into  the  scale  register.  The 
accumulator  is  then  cleared.  The  integerized 
demodulate  values  are  reduced  in  magnitude  by 
arithmetically  scaling  them  right  by  the  number 
of  bit  positions  indicated  by  the  contents  of 
the  scale  register.  The  demodulate  values  can 
be  scaled  by  from  0  to  15  bit  positions. 

BDLC  6447  The  demodulator  address  register  is  loaded  from 
bits  9  thru  11  of  the  accumulator.  The 
accumulator  is  then  cleared.  Only  the 
demodulator  board  whose  jumper  selected  address 
corresponds  to  the  loaded  address  will  respond 
to  the  read  IOT  instructions  listed  below.  If 
the  BDLC  is  executed  with  a  one  in  accumulator 
bit  0,  the  integration  count  is  stopped  and  the 
counter  set  to  its  starting  state  and  held 
there.  Executing  the  BDLC  with  a  zero  in 
accumulator  bit  0  allows  the  integration  to 
proceed.  The  first  demodulate  formed  after  un¬ 
freezing  the  integration  count  should  be 
discarded.  The  integration  counter  is  un-frozen 
whenever  the  bus  INIT-  signal  is  generated. 

BDXM  6454  The  most  significant  12  bits  of  the  selected 
demodulator  board  X  (real  part)  output  register 
are  loaded  into  the  accumulator. 

BDXL  6455  The  least  significant  12  bits  of  the  selected 
demodulator  board  X  output  register  are  loaded 
into  the  accumulator. 
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BDYM  6456  The  most  significant  12  bits  of  the  selected 
demodulator  board  Y  (imaginary  part)  output 
register  are  loaded  into  the  accumulator. 

BDYL  6457  The  least  significant  12  bits  of  the  selected 
demodulator  board  Y  output  register  are  loaded 
into  the  accumulator. 

Bus  signals  used  by  this  board  and  the  associated 
demodulator  boards  are: 

SKPINT-  CO-  Cl-  XTC  +  INIT-  LXMAR- 

DEVSEL-  4 MHZ-  DXO-  thru  DX11- 

6.1.8  DMA  LINCtape  System 


The  LINCtape  system  designed  for  the  DM1200  reads  and 
writes  LINCtapes  compatible  with  CEL's  other  systems. 
However,  because  of  the  slow  speed  of  the  processor,  it  was 
necessary  to  make  this  system  much  more  automatic  in 
operation  than  its  predecessors.  A  transfer  of  data  between 
tape  and  memory  is  set  up  by  loading  the  number  of  tape 
blocks  to  be  transferred  (the  block  size  is  determined  by 
the  tape  format),  the  starting  block  number  on  tape  and  the 
starting  memory  address  into  the  interface.  A  single 
command  then  causes  the  transfer  to  take  place.  The 
interface  electronics  takes  care  of  searching  out  the  proper 
block,  transferring  the  data  using  direct  memory  access, 
computing  the  required  checksum  and  verifying  it.  The 
processor  is  notified  when  the  transfer  has  been  completed 
by  the  setting  of  the  transfer  done  flag  (TDF).  The  setting 
of  this  flag  can  be  allowed  to  cause  a  processor  interrupt. 
After  a  data  transfer,  the  processor  can  check  for  errors  by 
testing  the  tape  error  flag  (TEF).  The  time  overhead  for 
the  DMA  data  transfers  is  less  than  2%  versus  the 
approximately  50%  on  CEL's  older  system.  It  is  anticipated 
that  the  CEL  PDP-8/e  LINCtape  systems  will  be  upgraded  to  be 
compatible  with  the  new  electronics. 
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Device  handlers  have  been  written  for  the  PDS 
programming  system  and  for  the  CEL  real-time  monitor  BAMMS . 

Because  the  DM1200  lacks  a  data  break  multiplexer,  the 
LINCtape  system  cannot  be  used  simultaneously  with  the  9- 
track  magnetic  tape  system. 

The  DM1200  LINCtape  electronics  are  contained  on  two 
wire-wrap  panels  and  one  printed  circuit  board  and  are 
separate  from  the  drive  electronics.  One  wire-wrap  panel 
plugs  into  the  processor  bus  and  contains  the  processor 
interface.  This  board  generates  a  data  transfer  bus  which 
runs  to  the  tape  drive.  This  bus  uses  two  cables,  each 
containing  13  twisted  pairs.  The  data  transfer  bus  connects 
to  the  wire-wrapped  formatter  board  which  is  mounted  on  the 
tape  drive.  Associated  with  this  board  is  a  printed  circuit 
card  used  to  generate  various  timing  signals  and  to  decode 
the  tape  format. 

Four  of  the  tape  drives  presently  in  use  on  CEL's 
DM1200  systems  are  re-cycled  dual  drives  removed  from 
discarded  LINC-8  computer  systems.  One  drive  is  a  slightly 
modified  Computer  Operations  CO-600  dual  drive  LINCtape  and 
one  is  a  Computer  Operations  CO-3000  single  drive  LINCtape. 
The  drives  removed  from  the  LINC-8' s  have  had  their  original 
electronics  replaced  using  control  boards  purchased  from 
Computer  Operations.  The  use  of  these  boards  made  the 
modified  drives  compatible  with  TTL  logic  levels.  The 
Computer  Operations  motor  control  boards  were  modified  so 
that  motion  commands  tension  the  tape.  The  modification  to 
the  CO-600  drive  consisted  of  inverting  the  polarity  of  the 
REDY  line.  The  CO-600  does  not  automatically  tension  tapes 
on  receipt  of  a  motion  command.  The  CEL  formatter  board 
used  on  the  CO-3000  had  to  be  modified  in  order  to 
accomodate  the  CO-3000  electronics. 

The  interaction  between  the  processor  and  the  tape 
system  takes  place  using  four  control  registers  and  five 
flags.  The  four  control  registers  are: 
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Block  address  register  (BAR) 

This  register  is  loaded  with  the  block  number  on  tape 
at  which  the  data  transfer  is  to  start.  This  register 
cannot  be  read.  The  contents  of  the  BAR  are  undefined 
after  a  transfer  has  been  made. 

Memory  address  register  (MAR) 

This  register  is  loaded  with  the  lower  12  bits  of  the 
address  in  memory  at  which  the  data  transfer  is  to 
start.  This  register  cannot  be  read.  The  contents  of 
the  MAR  are  undefined  after  a  transfer  has  been 
completed . 

Block  count  and  field  register  (BFR) 

The  low  8  bits  are  used  to  hold  the  number  of  tape 
blocks  that  are  to  be  transferred.  From  0  thru  255 
blocks  can  be  read  or  written  in  one  operation.  Memory 
addresses  automatically  cross  field  boundaries.  The 
most  significant  three  bits  of  this  register  select  the 
memory  field  in  which  the  transfer  is  to  start.  No 
provision  has  been  made  to  use  the  three  extended 
address  bits  on  the  processor  bus.  There  was  not 
enough  room  on  the  interface  board  to  provide  for  them. 
The  field  bits  are  incremented  whenever  the  low  12 
address  bits  index  from  4095  to  0.  The  memory  field 
address  wraps  around  from  7  to  0.  This  register  cannot 
be  read.  The  contents  of  the  BFR  are  undefined  after  a 
transfer  has  been  completed. 

Control  register  (COR) 

The  bits  of  the  control  register  define  the  operation 
to  be  performed  when  the  transfer  is  initiated  by  a 
skip  using  the  DLSR  IOT  instruction.  The  contents  of 
this  register  cannot  be  read.  Except  for  bit  0,  the 
contents  of  this  register  are  not  altered  during  a  data 
transfer.  The  contents  of  this  register  are  set  to 
zero  by  the  DLCL  IOT  instruction,  by  the  processor 
stopping  and  by  the  bus  INIT-  signal.  Bit  assignments 


are : 
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Bit  0.  If  a  zero,  the  tape  motion  will  be  in  the 
forward  direction  when  the  selected  tape  drive  goes 
into  motion.  If  a  one,  the  starting  direction  will  be 
in  the  backward  direction.  This  bit  is  the  actual 
direction  bit  used  by  the  interface  to  control  tape 
motion.  At  the  end  of  a  successful  transfer  it  is 
normally  a  zero. 


Bit  1  . 
direction 
memory . 
memory  to 
enabled) . 


Referred  to  as  the  write  bit.  If  a  zero,  the 
of  the  data  transfer  will  be  from  tape  into 
If  a  one,  the  transfer  direction  will  be  from 
tape  (the  addressed  drive  must  be  write 


Bit  2.  Referred  to  as  the  mark  bit.  This  bit  is  used 
to  configure  the  interface  and  formatter  for  use  in 
formatting  (marking)  tapes  and  in  certifying  them.  If 
both  the  mark  and  write  bits  are  ones  then  when  motion 
is  started  the  timing,  mark  and  normal  data  writers  are 
turned  on.  Timing  is  generated  using  a  crystal  clock. 
Using  the  WDF  along  with  the  DLWM  and  DLWD  IOTs 
described  below,  a  tape  can  be  formatted.  If  the  mark 
bit  is  a  one  and  the  write  bit  is  a  zero,  the  interface 
and  formatter  are  configured  for  certifying  the  format 
previously  recorded  on  a  tape.  The  WDF  along  with  the 
DLRM  and  DLRD  IOT  instructions  are  used  for  this 
purpose.  Whenever  this  bit  is  a  one  no  DMA  transfers 
are  made  between  the  tape  system  and  memory. 


Bit  3.  If  a  zero,  the  tape  drive  is  stopped  after  the 
data  transfer  has  been  made.  If  a  one,  the  drive  is 
left  in  motion. 


Bit  4.  If  a  zero,  the  transfer  is  made  normally.  If  a 
one,  the  transfer  to/from  memory  is  inhibited  but  the 
remainder  of  the  operation  proceeds  normally.  This 
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feature  is  intended  for  use  in  performing  a  read 
without  transfer  just  after  writing.  If  there  is  an 
error  on  tape,  the  values  in  memory  are  unaffected  and 
additional  attempts  can  be  made  to  rewrite  them. 


Bit  5.  If  a  zero,  the  setting  of  the  block 
flag  cannot  cause  a  processor  interrupt.  If  a 
setting  of  this  flag  can  cause  an  interrupt 
processor  interrupt  system  is  enabled. 


transfer 
one,  the 
i  f  the 


Bit  6 .  If  a  ze 
flag  cannot  cause  a 
setting  of  this 
processor  interrupt 


ro,  the  setting  of  the 
processor  interrupt, 
flag  can  cause  an  in 
system  is  enabled. 


data  trans 
If  a  one, 
terrupt  if 


fer 

the 

the 


Bit  7.  If  a  zero,  the  current  CEL  checksum  convention 
is  used.  If  a  one,  the  old  (pre  1972)  checksum 
convention  is  used.  A  jumper  on  the  formatter  board 
must  be  in  place  for  this  feature  to  work.  This 
capability  was  included  to  allow  tape  interchange  with 
the  Institute  for  Acoustic  Research  (IAR)  which  used 
the  old  convention  on  their  General  Automation  systems. 
IAR  has  effectively  been  disbanded  and  it  is  not 
expected  that  this  feature  will  be  required. 


Bit  8.  Not  used. 


Bits  9  thru  11.  Selects  the  drive  to  be  used.  Drive 
addresses  run  from  0  thru  7.  Normally,  drive  0  is 
present  in  all  systems  using  LINCtape. 

The  four  flags  used  to  coordinate  the  processor 
activity  and  the  tape  system  activity  are: 
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Block  transfer  flag  ( BTF ) 

This  flag  is  set  whenever  the  transfer  of  a  single  tape 
block's  worth  of  information  has  been  completed.  This 
flag  can  be  used  to  synchronize  the  testing  of  the 
error  flag  on  a  block  by  block  basis  so  that  if  there 
is  an  error,  the  bad  block  can  be  identified.  This 
flag  is  cleared  whenever  a  skip  occurs  using  the  DLSB 
IOT  instruction;  by  a  skip  on  the  ready  condition;  by 
the  DLCL  IOT;  when  the  processor  halts  and  by  the  bus 
INIT-  signal. 

Transfer  done  flag  (TDF) 

This  flag  is  set  whenever  the  requested  number  of 
blocks  have  been  transferred.  This  flag  is  cleared 
whenever  a  skip  occurs  using  the  DLST  IOT  instruction; 
by  a  skip  on  the  ready  condition;  by  the  DLCL  IOT; 
when  the  processor  halts  and  by  the  bus  iNIT-  signal. 

Error  flag  (ERF) 

The  error  flag  is  set  if  an  error  is  detected  in  the 
value  of  the  checksum.  This  flag  is  also  set  whenever 
the  formatter  detects  an  error  in  the  control 
information  read  off  of  the  mark  track.  This  makes  it 
possible  to  detect  certain  types  of  errors  during  tape 
writes.  If  on,  the  writers  are  turned  off  whenever 
this  flag  becomes  set.  In  a  multiple  block  transfer 
this  flag  is  not  automatically  cleared  prior  to 
starting  to  transfer  a  new  block.  This  flag  is  cleared 
by  a  skip  using  the  DLSE  IOT  instruction;  a  skip  on 
the  ready  condition;  the  DLCL  IOT;  when  the  processor 
halts  and  by  the  bus  INIT-  signal. 

Word  done  flag  (WDF) 

During  normal  data  transfers,  this  flag  is  used  by  the 
interface  to  request  data  breaks.  When  formatting 
(marking)  or  certifying  LINCtapes,  this  flag  does  not 
cause  data  breaks  but  is  used  instead  to  synchronize 
data  trasfers  between  the  processor  and  the  tape.  When 
marking  a  tape  (both  the  mark  and  the  write  bits  in  the 
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Inst 

DLCL 

DLSR 


DLWC 


control  register  are  ones),  this  flag  is  set  whenever 
the  formatter  is  ready  to  accept  another  mark  frame  and 
the  associated  data  word.  These  are  loaded  using  the 
DLWM  and  DLWD  IOT  instructions  defined  below.  When 
certifying  a  tape  (the  mark  bit  is  a  one  and  the  write 
bit  is  a  zero),  this  flag  is  set  whenever  the  formatter 
has  assembled  a  mark  frame  and  associated  data  word  off 
of  tape.  The  processor  reads  these  using  the  DLRM  and 
DLRD  IOT  instructions  defined  below.  Because  these 
programmed  data  transfers  are  doubled  buffered,  once 
this  flag  has  been  set,  the  processor  has  approximately 
160  microseconds  in  which  to  do  any  required 
processing.  This  flag  is  cleared  whenever  a  skip 
occurs  using  the  DLSW  IOT  instruction;  by  a  skip  on 
the  ready  condition;  by  a  skip  on  the  error  flag;  by 

whenever  the  processor  halts;  whenever 

and  by  the  bus  INIT- 


the  DLCL  IOT; 
a  data  break  transfer  is  made 
signal . 


ruction  Set 


6160 

Clears 

the 

tape 

system. 

This 

cons 

i  sts 

of 

clearing 

all 

flags , 

setting 

the  cont 

ents 

of 

the 

control 

register 

to  zero 

,  stopp 

dng 

mot  i 

Lon , 

turning 

off 

the  writ 

ers  and 

setting 

the 

BFR 

and 

the  MAR 

cont 

ents  to 

zero . 

6161 

Tests 

the 

drive 

status 

to  see 

if 

it 

is 

compatible  with  the  operation  selected  by  the 
contents  of  the  control  register.  Namely,  the 
selected  drive  must  be  on-line  and,  if  writing, 
the  drive  must  be  write  enabled.  If  these 
conditions  are  met,  the  immediately  following 
instruction  is  skipped  over  and  the  transfer 
operation  is  initiated. 

6162  The  contents  of  the  accumulator  are  loaded  into 
the  control  register.  The  interpretation  of  the 
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DLWA  6163 


DLWB  6164 


DLWF  6165 


DLST  6166 


DLSB  6167 


DLSE  6170 


DLSW  6171 


various  bits  is  described  above.  The 
accumulator  is  cleared  by  this  instruction. 

The  contents  of  the  accumulator  are  loaded  into 
the  memory  address  register.  This  is  the  low  12 
bits  of  the  memory  address  at  which  the  transfer 
is  to  start  at.  The  accumulator  is  then 
cleared. 

The  contents  of  the  accumulator  are  loaded  into 
the  block  address  register.  The  accumulator  is 
then  cleared.  The  block  address  register  is 
used  to  hold  the  starting  tape  block  number  at 
which  the  transfer  is  to  start. 

The  low  8  bits  of  the  accumulator  are  loaded 
into  the  block  counter  and  the  top  3  bits  are 
loaded  into  the  memory  address  field  register. 
The  accumulator  is  then  cleared. 

If  the  data  transfer  flag  is  set,  the 
immediately  following  instruction  is  skipped  and 
the  data  transfer  flag  is  cleared.  If  the  DTF 
is  not  set,  the  immediately  following 
instruction  is  not  skipped. 

If  the  block  transfer  flag  is  set,  the 
immediately  following  instruction  is  skipped  and 
the  BTF  is  cleared.  If  the  BTF  is  not  set,  the 
immediately  following  instruction  is  not 
skipped. 

If  the  the  data  error  flag  is  set,  the 
immediately  following  instruction  is  skipped  and 
the  DEF  is  cleared.  If  the  DEF  is  not  set,  the 
immediately  following  instruction  is  not 
skipped . 

If  the  word  done  flag  is  set,  the  immediately 
following  instruction  is  skipped  and  the  WDF  is 
cleared.  If  the  WDF  is  not  set,  the  immediately 
following  instruction  is  not  skipped. 

The  contents  of  the  accumulator  are  loaded  into 


DLWD  6172 
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DLWM  6173 


DLRD  6174 


DLRM  6175 


the  the  tape  formatter  buffer  register.  The 
accumulator  is  then  cleared.  This  instruction 
is  used  when  formatting  tapes. 

The  contents  of  the  accumulator  bits  8  thru  11 
are  loaded  into  the  formatter  mark  track  buffer 
register.  The  accumulator  is  then  cleared. 
This  instruction  is  used  when  formatting  tapes. 
The  contents  of  the  formatter  buffer  register 
are  loaded  into  accumulator.  This  instruction 
is  used  when  certifying  the  tape  format. 

The  contents  of  the  mark  track  register  are 
loaded  into  accumulator  bits  8  thru  11.  This 
instruction  is  used  when  certifying  the  tape 
format . 


Notes : 

When  searching  in  the  reverse  direction,  a  three  block 
offset  is  used.  The  direction  of  motion  is  not  changed  back 
to  the  forward  direction  until  the  tape  has  moved  three 
blocks  beyond  the  desired  block.  This  is  done  in  order  to 
allow  the  tape  motion  to  stabilize  after  reversing  direction 
before  reading  or  writing  a  block  or  set  of  blocks.  This 
overshoot  makes  the  DM1200  LINCtape  system  appear  to  run 
slower  than  CEL's  other  LINCtape  systems.  They  do, 
slightly.  It  is  felt  that  this  feature  adds  to  the  system 
reliability. 

The  DMA  data  transfers  are  double  buffered. 
Approximately  160  microseconds  are  available  for  the 
processor  to  repond  to  a  break  request.  This  should  allow 
the  LINCtape  system  to  be  given  the  lowest  break  priority 
when  a  data  break  multiplexer  is  added. 
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The  bus  signals  used  by  the  LINCtape  interface  are: 

DMAREQ-  SKPINT-  EMA2-  EMA 1 -  EMAO-  CO- 

C1-  XTC+  RUN-  DMAGNT-  MEMSEL-  INIT- 

LXMAR-  DEVSEL-  4 MHZ-  DXO-  thru  DX11- 

6.1.9  9  Track  Magnetic  Tape  System 

The  DM1200  9  track  magnetic  tape  system  consists  of 

from  1  thru  4  Cipher  dual  mode  800/1600  bpi  9  track  tape 
drives,  a  formatter  and  a  controller/interface.  The 
formatter  is  mounted  on  the  master  tape  drive  and  was 
purchased  from  Cipher  with  the  drive.  The 

controller/interface  consists  of  two  wire-wrap  panels  and 
was  designed  at  CEL  for  use  with  the  Cipher  hardware. 
Because  of  the  cabling  required  to  connect  the 
controller/interface  to  the  tape  system,  the  tape  system  can 
only  be  used  with  a  special  wire-wrapped  bus  DM1200  logic 
bay.  The  system  is  controlled  using  IOT  instructions  in  the 
DM1200.  Data  transfers  are  by  direct  memory  access  and 
occur  at  a  rate  of  72,000  bytes  per  second.  The  transfer 
time  overhead  corresponds  to  approximately  10%  of  the 
available  CPU  time.  Because  the  DM1200  does  not  have  a  DMA 
multiplexer,  it  is  not  possible  to  simultaneously  operate 
the  9  track  tape  system  and  the  LINCtape  system. 

The  programmer  viewable  portion  of  the 

controller/interface  consists  of: 

12  bit  control  register  used  to  set  up  the  desired 
operation . 

12  bit  status  register  used  to  determine  the  status  of 
the  formatter  and  the  selected  drive. 

18  bit  memory  address  register  used  to  point  to  where 
in  memory  the  data  transfer  is  to  start. 

18  bit  word  count  register  used  to  control  the  number 
of  bytes  or  words  to  be  transferred. 

The  status,  memory  address  and  word  count  registers  can 
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be  read. 

Data  can  be  transferred  between  memory  and  the  9  track 
tape  system  in  units  of  8  bit  bytes  or  12  bit  words.  In  8 
bit  mode,  bytes  are  packed  one  per  12  bit  word  in  the  low 
order  8  bits.  The  top  4  bits  in  each  word  are  ignored  when 
writing  and  are  set  to  zero  on  reading.  In  12  bit  mode. 


words  are  transferred  as  two  6 
8  bit  byte  on  tape. 

The  relation  between  the 
the  data  tracks  on  the  9  track 
8  bit  bytes  and  12  bit  modes. 

Byte  transfer  mode 

12  bit  word:  00  01  02  03  04  05 
tape  tracks:  00  01 

Word  transfer  mode 

12  bit  word:  00  01  02  03  04  05 
tape  tracks:  02  03  04  05  06  07 

Instruction  Set 


bit  bytes,  each  written  as  an 


bits  in  a  twelve  bit  word  and 
tape  are  shown  below  for  both 


06  07  08  09  10  11 
02  03  04  05  06  07 


06  07  08  09  10  11 

1st  frame 

02  03  04  05  06  07  2nd  frame 


MCLR  6700  Reset  the  formatter  and  tape  system.  Clears  all 
registers  and  flags.  Used  to  initialize  the 
formatter  and  to  terminate  "run-away" 
conditions . 

MSTO  6701  Skips  the  next  instruction  if  the  formatter  has 
completed  the  last  commanded  operation  and  is  no 
longer  busy.  If  bit  9  in  the  command  register 
is  set  and  the  DM1200  interrupt  system  is 
enabled,  the  transition  from  busy  to  not  busy 
will  cause  an  interrupt.  The  interrupt  can  be 
cleared  by  the  CAF,  MCLR  and  MSTO  instructions 
or  by  the  skip  on  the  MSGO  instruction. 

This  instruction  is  used  to  test  the  state  of 
the  DATA  BUSY  line.  A  skip  occurs  if  this  line 
is  not  true.  DATA  BUSY  goes  true  when  the 


MSTT  6702 
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MSFM 

MSET 

MSER 


MSGO 


MSWC 

MLCR 


6703 


6704 


6705 


6706 


6707 


6710 


selected  transport  has  reached  operating  speed 
and  is  about  to  read  or  write  a  block  of  data. 
This  signal  goes  false  again  once  the  block  has 
been  processed  and  the  appropriate  post  record 
delay  has  been  completed.  This  signal  is  not 
used  to  cause  an  interrupt. 

Skips  the  next  instruction  if  the  file  mark  flag 
is  set.  This  flag  is  set  whenever  a  file  mark 
is  encountered  during  a  non-write  operation. 
This  flag  is  cleared  by  the  MCLR  instruction  and 
a  skip  on  the  MSGO  instruction. 

Skips  the  next  instruction  if  the  EOT  marker  was 
sensed  during  the  execution  of  the  most  recent 
command.  This  flag  is  cleared  by  the  MCLR 
instruction  or  the  skip  on  the  MSGO  instruction. 
Skips  the  next  instruction  if  the  tape  error 
flag  is  set.  The  error  flag  can  be  set  by  a 
number  of  error  conditions  detected  by  the 
formatter.  During  1600  bpi  read  operations, 
soft  errors  corrected  by  the  formatter  do  not 
cause  the  error  flag  to  be  set.  However,  during 
writes,  corrected  soft  errors  (in  the  read  after 
write)  do  cause  the  error  flag  to  be  set.  This 
flag  is  cleared  by  the  MCLR  instruction  and  by  a 
skip  on  the  MSGO  instruction. 

Skips  the  next  instruction  if  the  command 
present  in  the  command  register  can  be  executed. 
The  indicated  operation  is  initiated  on  the 
skip.  The  following  conditions  inhibit  a  skip: 

-  Illegal  command 

-  Selected  drive  is  off-line  or  rewinding 

-  Attempted  write  on  a  write  protected  drive 
Skips  the  next  instruction  if  the  contents  of 
the  word  count  register  are  zero. 

The  contents  of  the  command  register  are 
replaced  by  the  contents  of  the  AC.  The  AC  is 
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then  cleared.  Bit  assignments  are  as  follows: 


Bits  0-4 
Bit  5 
Bits  6-7 
Bit  8 
Bit  9 


Bits  10-11 


Command  code 

Formatter  address  (0  for  now) 
Threshold  level  (0  for  now) 

Not  used. 

If  bit  9  is  a  1  an  interrupt  is 
allowed  on  the  setting  of  the 
operation  done  flag. 

Drive  address 


The  command  to  be  executed  is  selected  by  the 
octal  value  of  bits  0  thru  4.  The  commands  are: 


0 

1 

2 

3 

4 

5 

6 

7 

8 
9 

10 
1  1 
12 

13 

14 

15 

16 
17 

18-31 


Read  8  bit  bytes 

Read  12  bit  words  in  MP12  format 

Read  8  bit  bytes  without  transfer 

Read  12  bit  words  in  MP12  format  without 

transfer 

Write  8  bit  bytes 

Write  12  bit  words  in  MP12  format 

Write  8  bit  bytes  in  edit  mode 

Write  12  bit  words  in  MP12  format  and 

edit  mode 

Edit  backspace 

Write  file  mark 

Erase  fixed  length  (3.5  inches) 

Erase  variable  length 
Space  1  block  forward 
Space  1  block  reverse 
Space  1  file  forward 
space  1  file  reverse 
Rewind 

Place  drive  off-line 
Not  assigned 


MRST  6711  The  contents  of  the  tape  system  status  register 
replace  the  contents  of  the  AC.  The  status  bits 
are  not  affected.  The  bits  are  assigned  as 
follows : 

0  Formatter  busy 

1  Data  transfer  taking  place 

2  Hard  error  detected  by  formatter 

3  Soft  error  detected  and  corrected  by 
formatter 

4  File  mark  flag 

5  Drive  ready  (tensioned  and  not  loading  or 
rewinding ) 

6  Drive  on-line 

7  Drive  write  protected 

8  Tape  at  BOT 

9  Tape  encountered  EOT  during  last  command 
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MLMA 


MLWA 


MLWC 


MRWA 


MRWC 


MRMA 


10  not  used 

1 1  not  used 

6712  The  contents  of  the  AC  replace  the  low  12  bits 
of  the  tape  system  memory  address  register.  The 
AC  is  then  cleared. 

6713  Bits  0-5  of  the  AC  replace  the  contents  of  the 
high  order  six  bits  of  the  tape  system  word 
count  register.  Bits  6-11  of  the  AC  replace  the 
contents  of  the  high  order  six  bits  of  the  tape 
system  memory  address  register.  The  AC  is  then 
cleared. 

6714  The  contents  of  the  AC  replace  the  contents  of 
the  low  12  bits  of  the  tape  system  word  count 
register.  The  AC  is  then  cleared. 

6715  The  contents  of  the  high  6  bits  of  the  word 

count  register  replace  the  contents  of  the  AC 
bits  0-5.  The  contents  of  the  high  6  bits  of 
the  memory  address  register  replace  the  contents 
of  the  AC  bits  6-11.  The  contents  of  the  word 
count  and  the  memory  address  registers  are  not 
altered . 

6716  The  contents  of  the  low  12  bits  of  the  word 

count  register  replace  the  contents  of  the  AC. 
The  word  count  register  is  not  altered. 

6717  The  contents  of  the  low  12  bits  of  the  memory 
address  register  replace  the  contents  of  the  AC. 
The  memory  address  register  is  not  altered. 


The  bus  signals  used  by  this  interface  are: 


DMAREQ- 

SKPINT- 

EMA2- 

EMA1- 

EMA0- 

C0  + 

C1  + 

XTC  + 

DMAGNT- 

EXT2- 

EXT1- 

EXTO 

MEMSEL- 

I  NIT- 

LXMAR- 

DEVSEL- 

4MHZ- 

DX0-  thru  DX 1 1 - 
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6 . 2  Beamf ormer  Hardware  Descriptions 


The  descriptions  contained  in  this  section 
which  specifically  concern  the  beamformer 
descriptions  follow  the  same  path  that  the  data 
it  passes  from  the  isolation  amplifier  input 
beamformer  output. 


are  those 
unit.  The 
follows  as 
thru  to  the 


6.2.1  Electrical  Isolation  Unit 


An  electrical  isolation  unit  was  included  in  the 
beamformer  in  order  to  insure  that  the  CEL  equipment  would 
not  have  any  adverse  effects  on  the  operations  of  other 
experimenters  who  might  be  sharing  the  hydrophone  outputs. 
Each  input  channel  is  buffered  using  an  Analog  Devices  type 
288K  isolation  amplifier.  Groups  of  eight  amplifiers  have 
their  modulation/demodulation  clocks  supplied  by  an  Analog 
Devices  type  947  driver  module.  The  combination  of  the  288K 
and  947  not  only  provides  ground  and  signal  isolation 
between  the  hydrophone  outputs  and  the  CEL  equipment  but 
also  between  the  individual  hydrophones. 

The  electrical  isolation  unit  is  mounted  in  the  top 
3  1/2  inches  of  the  beamformer  cabinet.  The  type  288K 
isolation  amplifiers  are  mounted,  along  with  an  output 
buffer  amplifier,  on  small  cards  approximately  2  inches  by  2 
inches.  Up  to  eight  of  these  cards  can  plug  onto  a  single 
mother  board  which  also  contains  a  type  947  driver  module. 
One  947  can  drive  up  thru  eight  288K  modules.  Up  to  6 
mother  boards  can  be  mounted  in  the  isolation  unit  chassis. 

The  input  of  each  288K  amplifier  is  shunted  with  a  1 
megohm  resistor  to  provide  a  path  for  the  25  na  (max)  bias 
current  in  case  the  signal  feed  should  be  ac  coupled.  The 
amplifier  gain  is  unity  and  the  frequency  response  is  rolled 
off  with  a  single  pole  filter  with  its  3  dB  point  at  800  Hz. 
The  amplifier  output  is  buffered  using  a  unity  gain 
amplifier.  Each  card  has  provision  for  attaching  a  scope 
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probe  or  volt  meter  at  the  buffer  amplifier  output.  One 
adjustment  is  provided  for  eliminating  any  dc  offset  that 
might  be  present. 

Connections  to  the  isolation  amplifier  cards  are  made 
via  phone  jacks  mounted  on  the  back  of  the  isolation  unit. 
These  jacks  also  feed  thru  to  corresponding  jacks  on  the 
front  panel.  The  front  and  rear  panels  are  non-metallic  in 
order  to  avoid  any  electrical  connection  between  the  sleeves 
of  the  individual  jacks. 

The  outputs  of  all  of  the  isolation  amplifier  cards 
mounted  on  a  given  mother  board  go  to  a  16  pin  connector  on 
that  board.  A  cable  containing  8  twisted  pairs  connects  the 
mother  board  to  eight  of  the  A/D-delay  cards  located  in  the 
card  cage  mounted  just  below  the  isolation  unit. 

6.2.2  Beamf ormer  A/D  and  Delay  Card 

Each  isolated  and  buffered  hydrophone  output  is 
connected  to  an  individual  beamformer  A/D  and  delay  card. 
These  cards  plug  into  in  the  card  cage  mounted  directly 
below  the  electrical  isolation  unit.  Each  card  contains  a 
variable  gain  amplifier,  two  pole  Butterworth  low  pass 
filter,  track  and  hold  device,  twelve  bit  A/D  converter, 
2048  words  of  twelve  bit  memory  and  associated  interface  and 
control  electronics.  The  card  cage  contains  a  back  plane 
into  which  up  to  24  cards  can  be  inserted.  Multiple  card 
cages  can  be  connected  together  to  increase  the  number  of 
channels . 

The  input  signal  is  ac  coupled  to  an  amplifier  whose 
gain  can  be  digitally  set  at  unity  (0  dB)  or  256  (48  dB). 
The  48  dB  setting  is  intended  for  use  when  connecting 
directly  to  hydrophone  outputs  without  benefit  of  a 
hydrophone  amplifier.  When  a  hydrophone  amplifier  is 
present,  the  unity  gain  setting  is  usually  sufficient. 

The  input  amplifier  is  followed  by  an  active  two  pole 
Butterworth  low  pass  filter.  The  3  dB  frequency  is  700  Hz 
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and  the  gain  is  approximately  1.6. 

The  filter  is  dc  coupled  to  a  digitally  controlled 
attenuator.  This  attenuator  is  implemented  using  a  CMOS 
multiplying  D/A  converter.  The  gain  can  digitally  be  set  to 
a  value  ranging  from  0  to  255/256  in  steps  of  1/256. 

The  attenuator  output  is  ac  coupled  to  a  fixed  gain 
amplifier  whose  gain  is  approximately  128/1.6.  The  effect 
of  combining  this  gain  with  that  of  the  filter  and  the 
attenuator  gives  a  digitally  controlled  gain  range  of  from  0 
to  127.5  in  steps  of  0.5  (ignoring  the  potential  48  dB  gain 
of  the  input  stage). 

The  re-amplified  signal  is  fed  to  a  track  and  hold 
circuit  manufactured  by  Analog  Devices.  The  track  and  hold 
normally  tracks  the  input  waveform.  Just  before  the  start 
of  A/D  conversion,  the  device  is  placed  into  the  hold  mode 
and  held  there  while  the  A/D  converter  is  operating.  Once 
the  conversion  is  complete,  the  track  and  hold  is  placed 
back  into  the  track  mode.  The  aperature  time  required  to 
switch  from  track  to  hold  mode  is  125  ns.  The  output 
voltage  range  is  minus  ten  to  plus  ten  volts. 

The  A/D  converter  is  a  twelve  bit  Analog  Devices  type 
AD582J.  The  converter  is  configured  for  a  bipolar  input 
ranging  from  minus  five  volts  to  plus  five  volts.  The 
converter  is  of  the  successive  approximation  type  requiring 
a  maximum  of  35  microseconds  per  conversion.  Samples  are 
taken  at  a  5  KHz  rate.  The  most  significant  bit  (used  as 
the  sign  bit)  is  a  zero  for  negative  inputs  and  a  one  for 
positive  inputs.  This  is  the  complement  of  what  would 
normally  be  used  as  a  sign  bit.  This  must  be  corrected  for 
in  the  user  interfaces. 

The  results  of  the  A/D  conversions  are  written  into  the 
2048  words  of  twelve  bit  memory  contained  on  each  board. 
Using  a  5  KHz  sample  rate  this  amount  of  memory  provides 
delays  ranging  from  0  to  about  0.41  seconds.  Space  is 
provided  for  an  additional  2048  words  of  memory  if  increased 
delay  times  become  necessary. 
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All  of  the  A/D  delay  cards  contained  in  a  beamformer 
use  the  same  gain  setting  and  are  simultaneously  commanded 
to  digitize  and  update  the  delay  memory.  The  contents  of 
the  individual  channel  delay  memories  can  be  accessed 
working  thru  the  delay  bus  controller  which  is  mounted  in 
the  beamformer  card  cage. 

The  address  that  a  card  responds  to  is  set  using  an 
eight  position  jumper  header  which  plugs  into  a  socket 
located  at  the  top  rear  of  the  card.  Card  addresses  are  set 
using  a  binary  representation  where  a  wire  present  is  a  one 
and  a  wire  absent  is  a  zero.  Only  jumper  positions  two  thru 
seven  are  used.  Position  seven  corresponds  to  the  least 
significant  bit  of  the  board  address  and  position  two 
corresponds  to  the  most  significant  bit.  Board  addresses 
can  range  from  0  thru  63.  Normally,  a  system  is  configured 
using  sequential  board  addresses  starting  at  zero.  The 
boards  are  located  in  the  card  cage  with  the  lowest  address 
board  in  position  two  and  with  sequentially  increasing  board 
positions  corresponding  to  sequentially  increasing  board 
addresses.  Card  position  one  is  usually  either  left  vacant 
or  has  a  terminator  card  inserted  in  it. 

There  is  a  ground  pin  and  four  test  pins  along  with 
five  trim  adjustments  on  each  A/D  delay  board.  These  are 
all  accessible  from  the  front  of  the  card  cage  without 
having  to  place  the  boards  on  card  extenders.  Fig.  6.2 
shows  the  locations  of  these  test  points  and  adjustments. 

Test  point  one  is  connected  to  the  output  of  the  input 
amplifier  stage  which  can  be  set  to  0  dB  or  48  dB  gain. 
Test  point  two  is  connected  to  the  input  of  the  amplifier 
following  the  digitally  controlled  attenuator.  Test  point 
three  is  located  at  the  output  of  this  amplifier  which  is 
also  the  input  to  the  track  and  hold.  Test  point  four  is  at 
the  track  and  hold  output.  This  is  also  the  input  to  the 
A/D  converter. 

The  front  gain  adjustment  is  used  to  trim  the  gain  of 
input  amplifier  when  it  is  used  in  it  gain  of  256  mode. 


the 
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Fig.  6.2.  Test  point  and  adjustment  locations 
To  make  this  adjustment,  feed  a  signal  whose  amplitude  is  on 
the  order  of  0.01  volts  peak  into  the  corresponding 
isolation  amplifier  input.  With  the  input  amplifier  in  the 
unity  gain  mode,  measure  the  output  voltage  at  test  point  1. 
Switch  the  amplifier  gain  to  256  and  adjust  until  the  output 
voltage  is  256  times  what  it  was  when  the  gain  was  unity. 

The  variable  gain  adjustment  affects  the  gain  of  the 
amplifier  following  the  digitally  controlled  attenuator. 
Apply  an  input  on  the  order  of  one  volt  peak  at  a  frequency 
of  about  100  Hz  to  the  associated  isolation  amplifier  input. 
Set  the  input  amplifier  gain  to  0  dB.  Set  the  attenuator 
gain  to  two.  The  voltage  measured  at  test  point  two  should 
be  adjusted  to  match  that  at  test  point  one. 

The  next  two  adjustments  affect  the  dc  offset  in  the 
digitized  output.  Normally,  the  A/D  offset  adjustment  is 
set  mid-range  and  the  dc  offset  minimized  using  the  track 
and  hold  adjustment.  The  beamformer  diagnostic  test  program 
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rms  test  is  used  to  monitor  the  converted  value.  Ground  the 
input  to  the  appropriate  isolation  amplifier.  Adjust  the 
offset  to  minimize  the  rms  value  measured  by  the  diagnostic 
program.  It  may  not  be  possible  to  get  the  value  below  1  or 
2  A/D  counts.  There  is  a  background  noise  level  that  has  to 
be  coped  with. 

To  trim  the  A/D  gain,  inject  a  voltage  on  the  order  of 
1  or  2  volts  peak.  Set  the  digital  gain  to  2  (this 
corresponds  to  a  real  gain  of  unity).  Measure  the  rms 
voltage  at  the  A/D  converter  input.  Compare  this  to  the 
diagnostic . program  rms  value.  The  maximum  count  (2047)  on 
the  A/D  converter  corresponds  to  4.9963  volts.  Take  the 
computed  rms  value  and  multiply  it  by  4.9963/2047  and 
compare  it  against  the  measured  value.  Trim  as  needed. 

Two  A/D  card  cages  can  be  chained  by  cabling  position 
25  of  the  unit  closest  to  the  delay  bus  controller  to 
position  1  of  the  following  card  cage.  The  terminator 
resistors  normally  located  on  the  back  of  the  first  card 
cage  at  position  25  should  be  moved  to  the  back  of  the 
second  card  cage  position  25. 

6.2.3  Delay  Bus  Controller 

The  delay  bus  controller  ( DBC )  is  used  to  perform  the 
following  functions: 

Generate  the  bus  used  by  the  A/D  delay  boards. 
Generate  a  bus  over  which  data  users  can  extract 
sample  values  from  the  individual  A/D  delay  memories. 
Access  to  these  memories  is  granted  on  priority 
basis.  All  user  delay  addresses  are  relative  to  the 
most  recent  sample. 

Generate  the  master  timing  from  a  5  MHz  Rb  clock. 

The  DBC  does  not  control  the  gains  of  the  A/D  delay 
cards.  This  is  done  by  the  beamformer  processor  user 
interface . 

Position  three  of  the  beamformer  card  cage  is  wired 
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specifically  for  the  DBC.  The  signals  on  pins  74  thru  118 
are  connected  to  the  corresponding  connector  pins  on 
position  one.  These  pins  correspond  to  the  A/D  delay  bus. 
A  cable  which  pushes  onto  the  position  one  connector  wire- 
wrap  pins  connects  these  bus  signals  to  the  card  cage 
holding  the  A/D  delay  boards.  Connector  pins  5  thru  57 
define  a  user  bus  over  which  user  interfaces  can  gain  access 
to  the  A/D  delay  memories.  As  needed,  these  pins  are  wired 
to  positions  11,  13,  15  and  17.  Positions  11  and  13  are 
wired  for  use  with  beamformer  data  logic  panels,  position  15 
is  wired  for  use  by  the  beamformer  control  logic  panel  and 
position  17  is  wired  for  use  by  the  beamformer  processor 
user  interface. 

The  DBC  causes  samples  to  be  taken  and  the  resulting 
values  to  be  written  into  the  delay  memories  at  a  5  KHz 
rate.  This  basic  200  microsecond  interval  is  divided  into 
250  0.8  microsecond  time  slices.  Eight  of  these  are  used  to 
initiate  the  sampling  and  to  update  the  delay  memories.  The 
remaining  242  time  slices  are  made  available  to  user 
interfaces . 

A  user  interface  requests  a  time  slice  by  grounding  a 
request  line.  When  the  request  is  granted,  the  interface 
must  supply  a  three  bit  control  word,  six  bit  A/D  delay 
board  address,  twelve  bit  delay  address  and  (if  writing  to 
the  delay  memory)  twelve  bits  of  data.  Time  slice  requests 
are  granted  on  a  priority  basis.  The  beamformer  is  wired 
for  the  highest  priority  and  the  processor  user  interface  is 
wired  for  the  lowest  priority.  At  present,  there  are  no 
other  user  interfaces. 

The  signals  provided  for  user  use  are: 

Pin  5.  U10KHZ-.  This  clock  is  for  the  use  of  the 
beamformer  demodulator  in  generating  the  timing  used  by 
the  frequency  synthesizer.  It  bears  a  well  defined 
timing  relation  to  the  5  KHz  clock  used  in  updating  the 
delay  memories.  This  relation  is  exploited  in  the 
demodulator ! 
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Pins  6  and  7.  5  MHz  Clock.  Pin  6  is  the  5  MHz  clock  input 

and  pin  67  is  the  corresponding  ground  point.  This 
line  is  terminated  on  the  DBC  using  a  220/330 
terminator  between  plus  five  volts  and  ground.  These 
two  pins  are  connected  to  a  bnc  connector  on  the 
beamformer  front  panel.  Normally,  one  of  CEL's 
Rubidium  standards  is  used  as  the  clock  source. 

Pin  7.  U5KHZ-.  This  is  the  5  KHz  clock  used  by  the 
beamformer  to  initiate  the  formation  of  a  set  of  beam 
outputs.  The  trailing  edge  is  the  active  edge. 

Pins  8  and  9.  UCLK0-  and  UCLK1-.  These  waveforms  are  two 
square  waves  with  an  800  ns  period  and  shifted  90 
degrees  with  respect  to  each  other.  The  positive  going 
transition  of  UCLK0-  marks  the  starts  of  the  800  ns 
time  slices.  This  edge  should  be  used  to  sample  the 
time  slice  grant  response.  The  positive  going 
transition  of  UCLK0-  marks  the  time  at  which  the  time 
slice  request  lines  are  sampled  for  access  to  the  next 
time  slice.  Signal  UCLK1-  is  included  in  order  to 
provide  timing  transitions  at  times  other  than  the 
UCLK0-  times.  Such  transitions  are  often  needed  in 
interface  designs. 

Pins  10  thru  12.  Not  used. 

Pins  13  thru  20.  UPR0-  thru  UPR7- .  These  are  the  bi¬ 
directional  lines  over  which  time  slice  requests  and 
grants  are  made.  Requests  for  time  slice  access  should 
be  made  when  CLK0-  is  high.  This  corresponds  to  the 
first  half  of  an  800  ns  time  slice.  The  response  can 
be  sampled  using  the  positive  going  transition  of  CLK0- 
(which  indicates  the  start  of  a  new  time  slice).  The 
DBC  is  designed  to  hold  its  response  well  past  this 
transition  so  that  there  will  not  be  any  race  problem. 
These  lines  should  be  driven  using  open  collector 
devices.  Line  UPR0-  has  the  highest  priority  and  line 
UPR7-  has  the  lowest. 

Pin  21.  UWRINH-.  This  line  is  commanded  by  the  processor 
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user  interface.  If  this  line  is  driven  low,  all  writes 
by  the  DBC  into  the  delay  memories  are  inhibited.  This 
feature  is  used  to  allow  the  processor  to  run  memory 
diagnostics  on  the  delay  memories  without  having  to 
contend  with  data  values  changing  the  memory  contents. 

Pin  22.  Not  used. 

Pins  23  and  24.  UCO-  and  UC1-.  These  two  lines  are  used  to 
control  the  type  of  transfer  to  be  made  between  the 
user  interface  and  the  selected  A/D  delay  board.  If  a 
single  A/D  delay  board  is  being  addressed  (the  UENALL- 
line  is  not  grounded),  the  effect  of  these  two  lines 


are : 

uco- 

0 


1 


1 


UC1-  Action 

0  A/D  conversion  is  initiated.  The  data 
lines  are  ignored. 

1  A/D  converter  output  is  written  to  memory. 
The  converter  output  is  also  placed  on  the 
data  lines. 

0  The  contents  of  the  data  lines  are  written 
into  delay  memory. 

1  The  contents  of  the  addressed  location  in 
delay  memory  are  placed  on  the  data  lines. 

If  the  UENALL-  line  is  grounded,  action  differs  in 
that,  because  all  boards  respond,  none  of  them  place 
any  values  on  the  data  lines,  regardless  of  the  values 
of  UCO-  and  UC1-. 

Pin  21.  UENALL-.  This  signal  is  used  to  cause  all  A/D 
delay  boards  to  respond  to  the  command  given  in  the 
current  time  slice.  This  is  typically  used  to 

broadcast  values  when  performing  memory  diagnotics. 

Pins  26  thru  31.  UADO-  thru  UAD5-.  These  lines  are  used  to 
address  the  individual  A/D  delay  boards.  The  board 
whose  jumper  set  address  corresponds  to  the  address  on 
these  lines  responds  and  performs  the  commanded 

operation.  UADO-  is  the  most  significant  board  address 
bit  and  UAD5-  is  the  least  significant. 
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Pin  32.  Not  used. 

Pin  33.  UCLCTR-.  Driving  this  line  low  causes  the  DBC 
address  register  to  be  set  to  zero  and  held  there  as 
long  as  the  line  is  low.  This  line  is  used  by  the 
processor  user  interface  in  order  to  suppress  the 
address  bias  added  by  the  DBC  from  changing  every  0.2 
milliseconds  when  diagnostic  programs  are  being  run. 

Pins  34  thru  45.  UA0-  thru  UA11-.  This  is  the  delay  memory 
address  relative  to  the  DBC  address  register  that  a 
user  interface  wants  to  access.  The  value  on  these 
lines  is  added  to  the  value  in  the  DBC  address  register 
with  the  sum  being  the  actual  memory  address  used.  DBC 
memory  addresses  are  advanced  by  one  every  0.2 
milliseconds  as  a  new  sample  becomes  available.  The 
delay  values  supplied  by  a  user  device  are  usually 
negative . 

Pins  46  thru  57.  UD0-  thru  UD11-.  These  are  bi-directional 
data  line  used  to  move  data  values  between  the  A/D 
delay  boards  and  the  user  interfaces.  The  direction  of 
data  flow  is  controlled  by  the  UC0-  and  UC1-  lines. 
Line  UD0-  carries  the  most  significant  bit  and  line 
UD11-  carries  the  least  significant  bit. 


6.2.4  Processor  Delay  User  Interface 

The  processor  delay  user  interface  (PDUI)  provides  the 
beamformer  DM1200  processor  access  to  the  individual  A/D 
delay  card  memories.  Using  this  access,  the  processor  can 
run  memory  tests  on  the  individual  memories  and  check  out 
the  addressing  support  given  by  the  delay  bus  controller. 
When  data  is  being  acquired  it  is  also  possible,  on  a  non¬ 
interfering  basis,  to  monitor,  in  real  time,  the  outputs  of 
the  individual  A/D  converters. 

The  processor  delay  interface  is  contained  on  a  single 
wire-wrap  panel  that  plugs  into  position  17  of  the 
beamformer  card  cage.  This  position  is  wired  specifically 
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for  the  PDUI  and  connects  to  both  the  DM1200  processor  bus 
and  to  the  delay  bus  controller. 

The  PDUI  contains  four  registers  and  two  flags.  These 

are : 

Data  Register. 

This  register  is  used  to  buffer  data  words  moving 
between  the  A/D  delay  memories  and  the  processor.  This 
register  contains  twelve  bits  and  can  be  read  or 
written  by  the  processor.  If  writing  data  values  to 
the  delay  memories,  this  register  must  be  loaded  with 
the  proper  value  prior  to  loading  the  command  register. 
The  value  is  not  written  until  the  data  done  flag 
becomes  set.  If  reading  data  values  from  the  delay 
memory,  the  desired  value  is  not  present  until  the 
command  done  flag  becomes  set.  When  reading  A/D 
values,  remember  that  the  sign  bit  must  be 
complemented . 

Address  Offset  Register 

The  delay  bus  controller  contains  an  address  register 
whose  contents  point  to  the  most  recently  acquired 
sample  value  in  the  delay  memories.  The  PDUI  accesses 
these  memories  by  specifying  an  offset  to  this  address. 
The  effective  address  corresponds  to  the  contents  of 
the  delay  control  address  register  added  to  the 
contents  of  the  address  offset  register.  For  a  delay 
of  zero  use  a  value  of  zero.  For  a  delay  of  one  use  an 
offset  of  -1.  By  setting  the  appropriate  bit  in  the 
control  register,  the  contents  of  the  delay  bus 
controller  address  register  can  be  held  at  zero.  The 
address  offset  register  is  12  bits  in  length.  Since 
the  A/D  delay  cards  currently  only  possess  2048  words 
of  memory,  all  addresses  are  formed  modulo  2048. 

Gain  Register 

The  gain  settings  on  all  of  the  A/D  delay  cards  are 
controlled  by  this  register.  This  register  is  loaded 
from  bits  3  thru  11  of  the  accumulator.  Gain  values 
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range  from  0  thru  127.5  in  steps  of  0.5. 

Control  Register 

The  control  register  contents  specify  the  operation  to 
be  performed.  Loading  this  register  initiates  a  data 
transfer  request  of  the  form  specified  by  the  register 
contents.  Certain  bits  of  this  register  have  a  global 
effect  not  just  local  to  the  granted  time  slice.  In 
particular,  the  writing  of  A/D  sample  values  into  the 
delay  memories  can  be  inhibited  and  the  delay  bus 
controller  address  register  can  be  held  in  the  zero 
state.  Bit  assignments  are: 

Bit  0.  A  one  in  this  bit  inhibits  the  writing  of  A/D 
sample  values  into  the  delay  memories. 

Bit  1.  A  one  in  this  bit  holds  the  delay  bus 
controller  address  register  in  the  zero  state.  Tics  of 
the  5  KHz  clock  will  not  increment  the  address  as  long 
as  this  bit  is  a  one. 

Bit  2.  Not  used. 

Bit  3.  If  a  one,  the  operation  to  be  performed  as  a 
result  of  this  IOT  should  apply  to  all  A/D  delay 
boards . 

Bits  4  and  5.  These  bits  correspond  to  the  UC0+  and 
UC1+  control  values.  The  indicated  operations  are: 

UC0+  UC1+  Action 

0  0  Read  from  the  delay  memory  board  addressed 

by  bits  6  thru  11  of  the  command  register. 
No  boards  respond  if  command  register  bit 
three  is  a  one. 

Write  the  contents  of  the  data  register 
into  the  memory  of  the  A/D  delay  board 


0 


1 
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Data 


Five 


DUWD 


DURD 


DUWO 


DURO 


addressed  by  bits  6  thru  1 1  of  the  command 
register.  All  boards  respond  if  bit  three 
of  the  command  register  is  a  one. 

1 
1 


0  Don't  use. 

1  Don't  use. 


Bits  6  thru  1 1 . 
to  be  involved 
three  is  a  one. 


The  address  of  the  A/D  board  which 
in  the  data  transfer.  Ignored  if 


is 

bit 


done  flag.  This  flag  is  set  whenever  the  data  transfer 
initiated  using  the  DUWC  IOT  instruction  has  been 
completed.  This  flag  is  necessary  because  the  PDUI 
interface  has  been  wired  for  the  lowest  access  prioity 
and  it  may  take  some  time  for  the  desired  transfer  to 
take  place.  This  flag  is  cleared  by  the  DUWC 
instruction  and  by  a  skip  on  the  DUSD  instructin. 

KHz  tic  flag.  This  flag  is  used  to  synchronize  the 
operations  of  the  processor  with  the  5  KHz  clock  used 
to  time  the  sampling.  This  flag  is  set  on  the  trailing 
edge  of  the  5  KHz  clock.  It  is  cleared  by  a  skip  using 
the  DUST  instruction. 


Instruction  set. 

6400  The  contents  of  the  accumulator  are  loaded  into 
the  interface  data  register.  The  accumulator  is 
then  cleared. 

6401  The  contents  of  the  interface  data  register 
replace  the  contents  of  the  accumulator.  The 
contents  of  the  data  register  are  unchanged. 

6402  The  contents  of  the  accumulator  are  loaded  into 

the  interface  address  offset  register.  The 

accumulator  is  then  cleared. 

6403  The  contents  of  the  interface  address  address 
register  replace  the  contents  of  the 
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DUWG 


DURG 


DUWC 


DURC 


DUIN 


DUSD 


DUST 


The 


accumulator.  The  contents  of  the  address  offset 
register  are  unchanged. 

6404  The  contents  of  the  accumulator  are  loaded  into 
the  interface  gain  control  register.  The 
accumulator  is  then  cleared.  The  interface  gain 
register  directly  controls  the  gain  settings  on 
the  A/D  delay  cards. 

6405  The  contents  of  the  interface  gain  register 
replace  the  contents  of  the  accumulator.  The 
contents  of  the  gain  register  are  unchanged. 

6406  The  contents  of  the  accumulator  are  loaded  into 
the  interface  command  register.  The  indicated 
operation  is  then  initiated.  The  accumulator  is 
cleared.  Bit  assignments  are  described  above. 
The  processor  user  delay  interface  has  been 
assigned  the  lowest  access  priority  and  it  may 
take  some  time  for  the  commanded  operation  to  be 
completed.  Use  the  DUSD  instruction  to  wait  for 
completion . 

6407  The  contents  of  the  interface  command  register 
replace  the  contents  of  the  accumulator.  The 
interface  command  register  is  unchanged. 

6410  Initializes  the  processor  user  delay  interface. 
This  involves  setting  the  contents  of  all  four 
registers  to  zero,  clearing  the  two  flags  and 
clearing  any  pending  data  bus  access  request. 

6411  If  the  command  done  flag  is  set,  the  immediately 
following  instruction  is  skipped.  The  command 
done  flag  is  cleared  by  the  DUWC  instruction  and 
by  a  successful  skip  using  the  DUSD  instruction. 

6412  Skips  the  immediately  following  instruction  if 
the  5  KHz  tic  flag  is  set.  The  flag  is  cleared 
if  a  skip  occurs. 

processor  bus  signals  used  by  this  interface  are: 


SKPINT-  CO-  Cl-  XTC+  INIT-  LXMAR- 

DEVSEL-  DX0-  thru  DX11- 
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6.2.5  Beamformer 


The  beamformer  is  of  the  classical  delay  and  sum  type. 
A  list  of  A/D  delay  channels  and  delay  values  is  used  to 
control  the  formation  of  beam  output  values.  This  list  is 
maintained  in  a  read/write  memory.  This  memory  can  be  read 
by  the  beamformer  control  electronics  and  can  be  read  and 
written  by  the  DM1200  processor  mounted  in  the  beamformer 
card  cage.  Beam  outputs  are  generated  at  the  same  basic  5 
KHz  rate  that  input  samples  are  taken  at.  Once  a  set  of 
output  beam  samples  has  been  formed,  a  pulse  noting  this  is 
sent  to  the  demodulator  control  logic  in  the  signal 
processor  unit.  The  output  values  are  then  serially  shifted 
over  sets  of  twisted  pairs  to  the  demodulators.  When  the 
next  5  KHz  clock  tic  occurs,  the  process  repeats.  The 
beamformer  control  memory  can  be  read  and  written  by  the 
beamformer  processor  without  affecting  the  beam  forming.  It 
is  thus  possible  to  change  beams  "on  the  fly." 

The  beamformer  consists  of  a  control  board  and  one  or 
two  quad  beam  boards.  The  control  board  is  a  wire-wrap 
panel  that  plugs  into  position  15  of  the  beamformer  card 
cage.  At  present,  up  to  two  quad  beam  boards  can  be 
included  in  a  system.  These  mount  in  card  cage  positions  11 
(beams  4  thru  7)  and  13  (beams  0  thru  3).  Positions  11,  13 
and  15  are  specifically  wired  for  these  logic  panels. 
Connection  to  the  demodulators  is  made  using  sets  of  twisted 
pairs  which  connect  the  individual  beam  outputs  to  the 
associated  demodulator  boards. 

Once  initialized,  the  beamformer  normally  operates 
independently  of  the  processor.  The  design  of  the 
beamformer  is  divided  into  three  major  parts;  processor 
interface;  control  logic  and  beam  accumulators. 

The  processor  interface  implements  the  instruction  set 
described  at  the  end  of  this  section.  This  interface 
provides  the  processor  with  read/write  access  to  the 
beamformer  control  memory  and  read  access  to  the  beam 
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accumulators . 

The  control  logic  is  built  around  a  24  bit  wide  memory 
of  1024  words.  This  memory  contains  lists  of  A/D  delay 
channels  and  the  associated  delays  needed  to  form  the 
desired  beam  outputs.  The  processor  views  this  memory  as 
being  composed  of  2048  words  of  twelve  bits  with  even 
addressed  locations  containing  control  bits  and  odd 
addressed  locations  containing  the  associated  delay  address 
offsets.  The  twelve  bit  control  word  is  organized  as 


Bit  0  A  one  in  this  position  terminates  the  beam  list. 

Bit  1  A  one  in  this  bit  causes  this  entry  (except  for 

bit  0)  to  be  ignored. 

Bits  2-4  Number  of  the  beam  into  which  the  retrieved 
sample  value  is  to  be  added. 

Bit  5  Not  used. 

Bits  6-11  A/D  delay  channel  to  retrieve  a  delayed  sample 
from. 

In  the  location  following  this  control  word  is  a  twelve 
bit  address  offset  value.  If  a  delay  of  n  sample  times  is 
desired,  this  value  should  be  the  two's  complement  of  n. 

The  beamformer  controller  views  the  memory  as  being 
divided  into  four  fields  of  256  words  24  bits  in  length. 
The  beamformer  addresses  this  memory  using  a  two  bit  field 
address  register  and  an  eight  bit  control  word  address 
register.  The  eight  bit  control  word  address  register  is 
set  to  zero  at  the  beginning  of  each  5  KHz  interval  and  is 
incremented  by  one  each  time  the  beamformer  extracts  a  data 
value  from  the  A/D  delay  memories. 

The  field  register  is  only  settable  by  the  processor. 
This  register  is  used  to  divide  the  control  memory  into  four 
banks  of  256  words  each.  This  allows  four  sets  of  beam 
tables  to  be  maintained  in  the  control  memory  with  the 
currently  active  table  being  selected  by  the  field  register 
contents.  Values  loaded  into  the  field  register  are  first 
buffered  until  the  start  of  a  new  5  KHz  interval.  At  this 
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time  they  are  loaded  into  the  field  register.  This  allows  a 
glitch  free  transition  between  beams  to  be  made.  It  is 
suggested  that  the  processor  synchronize  its  loading  of  the 
field  register  buffer  with  the  5  KHz  clock  tics. 

Once  the  processor  has  loaded  the  beamformer  control 
memory  with  the  desired  control  and  delay  information,  the 
operation  proceeds  as  follows: 

1.  The  delay  bus  controller  completes  the  acquistion  of  a 
new  sample  set  and  updates  the  delay  memories.  The  5 
KHz  clock  tic  generated  by  the  delay  bus  controller 
signals  this  event.  This  pulse  is  used  by  the 
beamformer  to  zero  the  beam  accumulators  and  to  reset 
the  eight  bit  control  memory  address  register  to  zero. 

2.  Control  words  (in  24  bit  format)  are  sequentially  read 
from  the  control  memory  and  are  used  to  initiate  data 
requests  from  the  A/D  delay  memories.  Each  24  bit  word 
specifies  a  beam  number,  A/D  delay  channel  and  a  delay 
offset . 

3.  The  requested  data  values  are  summed  into  the  proper 
beam  accumulator. 

4.  The  eight  bit  control  memory  address  register  is 
incremented . 

5.  Steps  two  thru  four  continue  until  a  control  word  with 
bit  0  set  to  a  one  is  encountered.  After  this  control 
word  is  processed,  operation  is  suspended  until  the  next 
5  KHz  clock  tic. 

6.  A  control  pulse  is  sent  to  the  demodulator  control 
logic.  The  beam  formed  values  are  transmitted  serially 
to  the  associated  demodulator  boards.  There  must  be 
sufficient  time  allocated  for  this  when  setting  up  the 
beam  table. 

7.  The  control  logic  waits  for  the  next  5  KHz  clock  tic. 
When  it  occurs,  the  operation  returns  to  step  1  above. 

The  processor  has  the  ability  to  freeze  the  contents  of 
the  beam  accumulator  registers.  This  was  provided  to  allow 
the  writing  of  test  programs  which  can  verify  system 
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operation  by  writing  known  data  values  in  the  A/D  delay 
memories  and  then  checking  the  resulting  beam  values  to  see 
if  they  are  correct.  The  use  of  the  freeze  command  should 
be  synchronized  to  the  beamformer  operation  using  the  5  KHz 
clock  tic.  The  freeze  takes  place  at  the  end  of  the  5  KHz 
interval  that  the  command  was  executed  in.  The  beamformer 
timing  proceeds  as  normal  but  the  beam  accumulators  are  not 
zeroed  and  new  values  are  not  added  into  them.  The  freezing 
does  not  affect  the  clocking  of  data  out  of  the  beam 
accumulators  by  the  demodulator  boards.  Because  of  this,  if 
the  beam  values  are  to  be  checked,  it  is  necessary  to 
disconnect  the  associated  demodulators. 

Instruction  set. 

BFLA  6430  The  contents  of  the  accumulator  replace  the 
contents  of  the  the  beamformer  memory  address 
register.  Even  address  memory  locations  are 
used  to  hold  beam  control  words  and  odd  address 
locations  contain  delay  offsets.  Delays  are 
expressed  as  the  two's  complement  of  the  desired 
value.  This  instruction  also  clears  the  freeze 
state.  The  accumulator  is  cleared. 

BFRD  6431  Because  of  how  the  control  memory  was  organized 
in  order  to  allow  access  from  both  the 
beamformer  control  logic  and  the  processor,  this 
instruction  is  slightly  awkward.  A  buffer 
register  sits  between  the  beamformer  control 
memory  and  the  processor.  Executing  this 
instruction  copies  the  contents  of  that  buffer 
into  the  accumulator  and  then  copies  the 
contents  of  the  addressed  control  memory 
location  into  the  buffer.  Thus,  if  the  contents 
of  a  specific  location  are  desired,  load  the 
address  register  and  execute  two  successive  BFRD 
instructions.  If  sequential  memory  locations 
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are  being  read,  all  that  needs  to  be  remembered 
is  that  there  is  a  one  word  delay  between  the 
control  memory  and  the  processor. 

BFWD  6432  The  contents  of  the  accumulator  are  written  into 
the  addressed  twelve  bits  of  the  beamformer 
control  memory.  The  accumulator  is  then 
cleared . 

BFRF  6433  The  contents  of  the  beamformer  field  register 
are  read  into  the  accumulator  bits  eight  thru 
eleven.  The  field  register  is  four  bits  long 
with  only  the  low  two  bits  being  used.  Bits 
zero  thru  seven  of  the  accumulator  are  set  to 
zero.  The  contents  of  the  field  register  are 
not  altered.  This  instruction  also  clears  the 
freeze  state. 

BFWF  6434  The  contents  of  the  accumulator  bits  eight  thru 
eleven  are  loaded  into  a  buffer  register.  At 
the  next  5  KHz  clock  tic,  the  contents  of  this 
buffer  register  are  transferred  into  the 
beamformer  memory  field  register.  In  order  to 
avoid  any  potential  timing  problems,  this 

instruction  should  itself  be  executed  just  after 
a  5  KHz  clock  tic.  The  accumulator  is  cleared. 

BFRM  6435  The  most  significant  eight  bits  of  the  selected 
beam  output  register  are  read  into  the 

accumulator  bits  four  thru  11.  The  sign  bit  is 
not  extended  into  bit  positions  zero  thru  three. 
The  contents  of  the  output  register  are  not 
altered . 

BFFB  6436  Freezes  beamforming  at  the  end  of  the  current  5 
KHz  interval  and  loads  the  beam  address  register 
from  accumulator  bits  nine  thru  eleven. 
Scanning  of  the  control  memory  is  not  affected. 
This  allow  demodulators  to  maintain  their  timing 
even  though  beam  outputs  are  not  being  produced. 
The  accumulator  is  cleared.  The  freeze  state  is 
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cleared  by  the  BFLA  and  BFRF  instructions. 

BFRL  6437  The  contents  of  the  low  twelve  bits  of  the 
addressed  beam  output  register  are  loaded  into 
the  accumulator.  The  beam  output  register 
contents  are  not  affected. 

The  processor  bus  signals  used  by  this  device  are: 

CO-  Cl-  XTC+  I NIT-  LXMAR- 

DEVSEL-  DX0-  thru  DX11- 


CHAPTER  7 


PROCESSING  THE  DEMODULATED  RECEPTION 

This  chapter  describes  how  the  demodulated  reception 
can  be  processed  in  order  to  remove  the  time  spreading  and 
to  estimate  the  signal-to-noise  ratios  of  various  reception 
parameters . 

The  received  waveform  is  periodic.  The  amount  of 
interference  caused  by  additive  noise  can  be  reduced  by 
dividing  the  reception  into  a  number  of  one  period  long 
segments  and  ensemble  averaging.  The  number  of  segments 
that  can  be  usefully  combined  is  limited  by  frequency  drift 
in  the  transmitter  and  receiver  clocks,  by  motion  of  either 
the  transmitter  and/or  receiver  and  by  changes  in  the  ocean 
structure.  Section  7.1  describes  the  filtering  effect  of 
forming  such  an  ensemble  average  and  examines  the  limits 
imposed  by  clock  drift,  mooring  motion  and  ocean  stability. 

Section  7.2  describes  two  methods  which  have  been 
successfully  used  to  estimate  the  noise  level  in  the 
processed  reception. 

Removal  of  the  time  spreading  caused  by  the  binary 
sequence  used  to  modulate  the  transmitted  carrier  is  the 
topic  of  Section  7.3.  Attention  is  restricted  to  the  use  of 
linear  maximal  sequences  and  correlation  processing.  The 
inherent  simplicity  of  the  required  program  organization  is 
demonstrated  using  program  segments  written  using  a  Pascal¬ 
like  notation.  Most  real-time  data  acquisition  and 
processing  programs  are  written  in  assembly  language.  The 
transliteration  of  these  code  segments  into  assembly 
language  is  a  straight  forward  process  complicated  only  by 
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restrictions  imposed  by  the  architecture  of  the  target 
computer . 

Section  7.4  combines  the  results  of  the  preceding 
sections  and  describes  how  to  calculate  the  signal-to-noi se 
ratios  of  various  reception  parameters. 

The  processing  is  often  carried  out  in  computers 
possessing  twelve  or  sixteen  bit  word  sizes  using  integer 
rather  than  floating-point  arithmetic  to  speed  up 
processing.  In  order  to  be  able  to  contend  with  the 
expected  dynamic  range  of  the  processed  results,  one  is 
driven  to  using  double  precision.  In  Section  7.5  the 
maximum  allowable  magnitude  of  the  signal  component  in  the 
demodulated  reception  is  calculated  assuming  that  the 
intermediate  and  final  values  of  various  parameter 
calculations  are  not  to  overflow  double  precision. 

Before  a  processing  program  is  placed  into  production, 
its  proper  operation  must  be  verified.  Section  7.6 
describes  the  use  of  three  test  waveforms  for  testing. 
Using  the  RMS  imput  level  as  computed  by  the  beamformer 
processor,  the  parameter  values  to  be  calculated  by  the 
program  can  be  predicted  and  then  compared  to  the  values 
determined  by  the  program. 

7 .  1  Filtering  the  Signal 

The  transmissions  used  in  making  multipath  measurements 
are  periodic  with  each  period  made  up  of  L  digit  intervals 
each  of  duration  T  seconds.  The  received  waveform  is 
complex  demodulated  and  sampled  at  a  rate  of  M  samples  per 
digit.  The  demodulated  and  sampled  reception  is  divided 
into  N  segments  each  one  period  (LT  seconds)  in  duration. 
These  segments  are  used  to  form  an  ensemble  of  one  period 
receptions  and  are  summed  together.  This  processing  is 
usually  implemented  in  a  computer  using  a  one  period  long  ML 
value  buffer,  summing  demodulated  values  into  successive 
buffer  locations.  The  entire  buffer  is  circulated  thru  once 
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per  period.  This  form  of  processing  is  referred  to  as 
forming  a  circulating  sum  or  average,  however,  the  summed 
values  are  rarely,  if  ever,  divided  by  the  number  of  values 
summed . 

If  the  portion  of  the  reception  due  to  the  signal  does 
not  vary  from  period  to  period,  the  expected  value  of  a 
given  position  in  the  circulating  sum  equals  N  times  the 
received  signal  amplitude  at  that  positon.  If  the  noise  is 
zero  mean  and  independent  from  period  to  period,  the 
variance  of  the  noise  in  a  given  circulating  sum  positon  is 
increased  by  a  factor  of  N.  The  net  effect  of  an  N  period 
circulating  sum  is  an  improvement  in  the  s ignal-to-noi se 
ratio  by  a  factor  of  N. 

Assume  that  the  magnitude  of  the  signal  dependent 
portion  of  the  reception  does  not  vary  from  period  to  period 
but  that  the  phase  changes  at  a  uniform  rate  of  0  radians 
per  period.  The  magnitude  of  the  sum  of  N  samples  spaced  LT 
seconds  apart  is  the  magnitude  of  a  single  such  sample 
multiplied  by 


N-  1 


/ 

k  =  0 


exp{jk©}  =  exp{  j  (N-  1  )0/2  }  )  (7.1) 


Assuming  zero  mean,  independent  noise  components,  the 
variance  of  the  noise  in  the  sum  is  N  times  the  variance 
associated  with  one  sample.  The  net  effect  of  the  summation 
has  been  to  multiply  the  single  sample  s i gnal- to-noi se  ratio 
by 


sin2 (N6/2 ) 

Nsin2 (0/2 ) 


Given  0,  the  value  of  N 
can  be  determined  by 
differentiating  with  respect 


that  maximizes  this  expression 
taking  N  to  be  continuous, 
to  N,  setting  the  result  equal 
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to  zero  and  solving.  Doing  this,  the  desired  value  of  N  is 
found  to  be  the  smallest  value  satisfying  the  relation 

N0  =  tan (N0/2 )  (7.3) 


Solving  gives 


N0 


2.331  radians 
133.6  degrees 


(7.4) 


Once  the  accumulated 

about  134°,  adding  additi 
increases  the  signal-to-no 
the  signal-to-noise  rati 


doubles.  As  N©  approaches 
increases  more  slowly  a 

going  from  N©  =  67°  to 
signal-to-noise  ratio  by  a 
The  period  of  the 
7.9375  seconds  and  the  car 
transmitter  and  receiver 


linear  phase  drift  has  r 

onal  samples  decreases  rathe 
ise  ratio.  For  small  values 
o  initially  doubles  each 

134°,  the  signal-to-noise 
s  a  function  of  N.  For  ex 

N©  =  134°  only  increases 
factor  of  1.394  (1.44  dB) . 
1981  Tomography  transmissi 
rier  frequency  was  224  Hz. 
oscillator  frequencies  were 


eached 

r  than 
of  © , 
time  N 

ratio 
ample , 

the 

on  was 
I  f  the 
within 


1  part  of  10  of  each  other  and  this  difference  was 
constant,  the  phase  shift  per  period  would  have  been  0.64 
degrees.  This  amount  of  oscillator  error  would  have  limited 
the  maximum  number  of  periods  which  could  usefully  be 
averaged  to  about  208.  This  corresponds  to  an  integration 
time  of  about  27.5  minutes.  (The  oscillator  drifts  in  the 


actual  experiment  were  much  less  than  1  part  in  10^.) 

The  moorings  on  which  the  transmitters  were  attached 
experienced  a  low  frequency  meander  onto  which  was 
superimposed  a  high  frequency  two  cycle  per  day  tidally 
induced  motion.  This  tidally  induced  motion  was 
approximately  circular.  The  1981  Tomography  mooring  motions 
due  to  tides  were  measured  to  have  excursions  typically  on 
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the  order  of  40  meters.  Assuming  circular  motion  with 
diameter  40  meters  and  period  of  twelve  hours  gives  a  source 
velocity  of  0.29  cm/sec.  As  a  worst  case  model,  take  this 
velocity  to  be  constant  and  in  a  direct  line  with  a  fixed 
receiver.  At  224  Hz,  assuming  the  speed  of  sound  to  be  1500 
meters/sec.,  the  tidally  induced  mooring  motion  requires 

about  860  seconds  to  induce  a  134°  phase  shift  in  the 
reception.  The  upper  limit  on  integration  time  due  to 
mooring  motion  was  thus  on  the  order  of  14  minutes. 

The  extent  to  which  the  ocean  limits  the  coherent 
processing  is  the  topic  of  current  research.  The  results  of 
much  of  this  research  have  been  summarized  in  a  book  edited 
by  Flatte’  [50].  The  primary  causes  of  travel  time 
disturbances  which  act  over  time  scales  of  minutes  and  hours 
are  internal  waves.  Internal  waves  are  oscillatory 
displacements  of  layers  of  water  which  differ  in  salinity 
and/or  temperature  from  the  surrounding  water.  The  limits 
which  these  waves  place  on  integration  time  depend  on  range, 
receiver  depth,  transmitter  depth,  geographic  location  and 
season.  Experience  has  shown  that  at  ranges  up  to  about  500 
km,  it  is  generally  possible  to  integrate  over  intervals  of 
several  minutes.  At  times,  the  ocean  is  more  stable  and 
supports  longer  integrations  and  at  other  times  the  ocean  is 
less  stable  making  measurements  difficult. 

The  sample  values  used  in  forming  a  circular  sum 
correspond  to  N  periods  of  the  transmitted  waveform.  A 
total  of  NML  sample  values  are  used  per  data  set.  If  the 
DFT  of  these  NML  values  were  to  be  formed,  the  resulting 
analysis  bins  would  be  1/(NMLT)  Hz  apart.  Since  the 
transmitted  waveform  has  period  MLT  seconds,  the  lines  in 
its  spectrum  are  spaced  1/(MLT)  Hz.  If  there  are  negligible 
amplitude  and  phase  variations  in  the  signal  portion  of  the 
reception,  signal  energy  will  only  be  found  in  the  NML  point 
DFT  lines  whose  indices  are  multiples  of  N. 

The  NML  point  DFT  of  the  demodulated  and  sampled 
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reception  is 


NML-  1 

R(k)  =  NML/  r  (  i  )exp{- j27rj^} 

1T0 


(7.5) 


Let  i  =  i'+nML,  0<i'<ML,  0<n<N.  The  above  sum  can  be 
rewritten  as  (dropping  the  primes) 


ML- 1  N~ 1 

R(k)  =  (g/  r(i+nML)exp{-j2ifJp} )  exp{-j27r^Li  (7.6) 

i=0  n=0 


When  k  =  aN,  0<a<ML 


ML- 1  N- 1 

R(aN)  =  j~r)  (^)  r  ( i+nML) )  exp{-j27r^}  (7.7) 
i=0  n=0 

The  inner  term  corresponds  to  the  circulating  average 
of  N  periods  of  the  reception  sampled  ML  times  per  period. 
The  right  hand  side  of  the  above  equation  corresponds  to  the 
ML  point  DFT  of  the  circulating  average.  The  lines  in  this 
DFT  correspond  to  the  lines  whose  indices  are  multiples  of  N 
in  the  NML  point  DFT  of  the  entire  data  set. 

7 . 2  Estimating  the  Noise  Level 

An  estimate  of  the  noise  level  in  the  reception  is 
desired  in  order  to  be  able  to  evaluate  the  quality  of  the 
multipath  measurements.  Such  a  noise  measurement  can  be 
made  in  a  number  of  ways.  Two  of  these  are: 

A  circulating  sum  can  be  formed  where  the 
data  values  in  alternating  periods  are  multiplied 
by  minus  one.  If  the  number  of  periods,  N,  is 
even  and  the  signal  portion  of  the  reception  does 


267 


not  change  significantly  in  one  period,  this 
process  very  effectively  generates  signal-free 
averages  of  noise  samples  that  can  be  used  to 
estimate  the  noise  variance  and  the  noise  power 
spectrum,  if  desired. 

The  total  energy  in  the  reception  can  be 
found  by  summing  the  squared  magnitudes  of  the 
demodulate  values  used  to  form  the  N  period 
circulating  sum.  Parseval's  theorem  can  be  used 
to  relate  this  quantity  to  the  energy  in  the  DFT 
of  the  total  reception.  In  the  previous  section, 
it  was  shown  that  the  lines  in  the  DFT  of  the 
circulating  sum  correspond  to  the  signal  lines  in 
the  DFT  of  the  entire  reception.  Parseval's 
theorem  can  be  used  to  relate  the  energy  in  the 
circulating  average  to  the  energy  contained  in 
these  lines.  Subtracting  the  estimated  signal 
energy  from  the  total  energy  in  the  reception 
yields  the  energy  in  the  noise.  This  quantity  can 
then  be  used  to  estimate  the  noise  variance. 


In  the  first  method,  the  operations  required  to  form 
the  signal  and  noise  circulating  sums  can  be  combined  if  a 
single  two  period  buffer  is  used  instead  of  two  single 
period  buffers.  (This  is  T.  Birdsall's  DUAL  method.)  Data 
values  are  summed  into  this  extended  buffer,  returning  to 
the  buffer  beginning  every  second  period.  Once  N  periods  of 
data  have  been  acquired,  the  front  and  back  halves  of  the 
buffer  each  contain  an  N/2  period  ensemble  sum.  The  N 
period  sum  buffer  used  to  filter  the  signal  is  formed  by 
ensemble  summing  the  values  contained  in  the  two  halves  of 
the  buffer.  The  N  period  alternating  sum/difference  buffer 
used  to  estimate  the  noise  level  is  formed  by  differencing 
the  two  buffer  halves. 

The  complex  valued  noise  components  in  the  samples 
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(demodulates)  of  the  demodulated  reception  are  assumed  to  be 
zero  mean,  independent  and  identically  distributed  with 
variance  V^.  Write  the  sample  values  of  the  demodulated 
waveform  as 

rn(i)  =  r(i)  +  n ( i )  (7.8) 

where  r(i)  represents  the  signal  dependent  portion  of  the 
reception  and  n(i)  the  noise  portion.  Both  r(i)  and  n(i) 
are  complex  valued. 

The  sum  of  the  squares  of  the  values  contained  in  the 
alternating  sign  circulating  sum  can  be  written 

ML- 1  N-1 

Sc  =  y  (-1 )nrn( i+nML) | 2  (7.9) 

i=0  n=0 

If  N  is  even  then 

ML- 1  N-1 

Sc  =  J  (-1 )nn( i+nML) | 2  (7.10) 

i=0  n=0 

The  expected  value  of  the  sum  of  the  squares  of  the 
alternating  sign  noise  summation  values  is 

E{Sc}  =  MLNVd  (7.11) 

If  the  noise  is  Gaussian,  then  S(  is  Chi-square 

distributed  with  2ML  degrees  of  freedom.  The  standard 

deviation  of  S„  is 
c 


Dev  { Sc  }  =  (ML)1//2NVd  (7.12) 

The  estimated  variance  of  the  noise  in  an  individual 
signal  sum  buffer  bin  is 
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V  =  — 
VC  ML 


The  expected  value  of  Vc  is 


E{VC)  =  NVd 


and  the  standard  deviation  is 


(7.13) 


(7.14) 


NV, 

Dev {V  }  =  - T7?  (7.15) 

C  (ML) 1/2 

Next,  the  noise  level  estimation  method  based  on 
Parseval's  theorum  is  analyzed. 

The  complex  valued  noise  components  in  the  demodulate 
values  are  again  taken  to  be  zero  mean,  independent  and 
identically  distributed  with  variance  V^.  The  sum  of  the 
squares  of  the  demodulates  contained  in  N  periods  of  the 
reception  is 


NML- 1  NML- 1 

sd  =  Y~  I  rn  (  i  )  I  2  =  /  |  r  ( i  )+n  ( i )  |  2  (7.16) 

i=0  i=0 

The  expected  value  of  Sd  is 

NML-  1 

E{Sd)  =  NMLVd+^  |r(i)|2  (7.17) 

ITo 

If  the  signal  portion  of  the  reception  does  not  vary 
significantly  over  N  periods,  then 


NML-  1 

ML-  1 

/ 

|  r  (  i )  |2  =  N  y~ 

1^0 

1^0 

2 


(7.18) 
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giving 


NML-1 

E{Sd)  =  NMLVd+  N  J  | r ( i  )  |  2  (7.19) 

1T0 


The  sum  of  the  squares  of  the  sum  circulating  average 
over  N  periods  of  the  reception  is 

ML- 1  N-1 

Ss  =  J  |^>  r ( i +nML ) +n ( i +nML ) | 2  (7.20) 

i=0  n=0 

The  expected  value  of  Sg  is 

ML- 1  N-1 

E { S  s }  =  NMLVd+^  r ( i  +  nML )  | 2  (7.21) 

i=0  n=0 

Again  assume  that  the  signal  dependent  portion  of  the 
reception  changes  little  over  N  periods.  In  this  case 


N-1 

r( i+nML) | 2  =  N2 | r ( i ) | 2  (7.22) 

n  =  0 


giving 


ML-  1 

E{Ss}  =  NMLVd+  N2^  | r ( i ) | 2  (7.23) 

1T0 

The  signal  energy  can  be  subtracted  out  of  the  sum  of 
the  square  of  the  demodulates  using  the  value  estimated  by 
the  sum  of  the  squares  of  the  signal  enhancing  circular  sum. 
Define 
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S 


e 


(7.24) 


The  expected  value  of  Se  is 

E{Sel  =  (N-1)MLVd  (7.25) 


The  estimated  variance  of 
signal  circulating  sum  buffer  bin 


the  noise  in  an  individual 
is 


NSe 

Vc  (N- 1 )ML  NVd 


(7.26) 


If  the  noise 

square  with  2(N- 

deviation  of  V  in 
c 


is  Gaussian,  then 
1 )ML  degrees  of 
this  case  is 


Sg  is  approximately  Chi- 
freedom.  The  standard 


Dev{Vc) 


NVd 

( (N-1 )ML) 1/2 


(7.27) 


Both  of  the  above  two  methods  have  been  successfully 
used  to  estimate  the  noise  level  in  the  circularly  summed 
reception.  Of  the  two  methods,  the  alternating  circular 
sum/difference  is  preferred.  The  reasons  for  this 
preference  are: 


1.  Because  alternate  periods  are  summed  and  subtracted, 
this  approach  requires  only  a  negligible  change  in 
the  signal  component  of  the  reception  from  period  to 
period  rather  than  from  beginning  to  end  of  N 
periods . 

2.  Using  a  two  period  buffer  to  form  the  circulating  sum 
of  the  reception  allows  the  noise  level  to  be 
estimated  without  additional  computational  effort 
during  data  acquisition. 
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The  primary  disadvantage  of  this  method  is  the  need  for 
the  dual  length  buffer.  A  one  period  buffer  for  L  =  511, 
M  =  4  requires  approximately  8k  twelve  bit  words  (using 
double  precision).  A  32k  DM1200  only  has  sufficient  room 
for  three  such  buffers  if  4k  is  reserved  for  program  use. 
This  problem  will  be  alleviated  once  the  DM1200  augmented 
extended  memory  address  hardware  is  built.  For  the  time 
being,  when  processing  L  =  511,  M  =  4  based  receptions,  a 
buffer  of  length  L  is  used  to  form  an  alternating 
sum/difference  data  array  using  only  every  fourth  reception 
sample  on  one  input  channel.  The  resulting  noise  level 
estimate  is  somewhat  cavalierly  used  to  characterize  the 
noise  level  on  all  three  channels. 

The  noise  level  estimation  method  based  on  Parseval's 
theorem  is  useful  when  memory  space  is  at  a  premium.  In 
those  cases  where  the  signal  level  in  a  demodulate  is  not 
particularly  high  compared  to  the  noise  level,  the  stability 
of  the  signal  is  not  a  major  problem  or  at  least  no  more  so 
than  it  is  in  trying  to  estimate  the  multipath  structure. 
Signal  fluctuations  cause  a  leakage  of  energy  from  the 
signal  lines  into  adjacent  lines  which  is  not  accounted  for 
in  the  circulating  average  signal  power  estimate.  The 
resulting  noise  level  estimate  may  be  slightly  high. 

Using  the  DM1200  fast  arithmetic  device  described  in 
Chapter  6,  the  required  squaring  of  the  demodulate 
magnitudes  can  be  performed  quite  rapidly  but  does  increase 
the  interrupt  time  computational  load. 

7 . 3  Time  Spread  Removal 

In  Chapter  4,  it  was  shown  that  the  time  spread  placed 
on  the  transmitted  waveform  can  be  removed  using  either  time 
or  frequency  domain  operations.  The  time  domain  approach  is 
preferred  for  the  following  reasons: 


1.  The  lengths  of  the  linear  maximal  sequences  used  to 
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cause  the  time  spreading  do  not  factor  "nicely", 
limiting  the  computational  speedup  provided  using  a 
fast  DFT  algorithm.  For  example,  the  1981  Tomography 
sequence  contained  127  digits  which  is  prime. 
Because  fast  algorithms  split  a  transform  of  a  given 
length,  L,  into  a  succession  of  transforms  of  length 
equal  to  the  prime  factors  of  L,  no  speedup  is 
possible  when  L  is  prime. 

2.  The  time  domain  correlations  can  be  implemented 

mainly  using  adds  and  subtracts  with  relatively  few 
multiplications.  Because  of  this,  the  times  required 
for  correlation  processing  are  comparable  to  the 
times  required  by  multiplication  intensive  DFT's, 
even  when  fast  algorithms  can  be  used. 

3.  The  memory  required  for  the  code  to  process  a 

reception  using  correlation  is  much  smaller  than  that 
required  by  the  code  needed  to  compute  DFT's. 

The  ML  complex  valued  data  array  used  to  form  the  N 
period  circulating  sum  contains  the  data  values  from  which 
the  time  spread  is  to  be  removed.  Because  each  digit 
interval  has  been  sampled  M  times,  the  correlation 

processing  is  organized  as  M  interleaved  circular 

correlations  of  length  L.  These  correlations  cannot  be 
performed  in  place;  an  L  complex  value  scratch  array  is 
required.  The  processing  organization  favored  by  the  author 
is  described  below  using  a  Pascal-like  notation.  The  array 
cs  contains  the  circular  sum  values  and  is  ML  complex  values 
in  length.  The  array  sa  is  a  scratch  array,  L  complex 
values  in  length.  The  procedure  CORR  forms  one  circular 
correlation  value  per  call,  starting  the  correlation  at  the 
position  indicated  by  i.  CORR  is  described  in  more  detail 
later . 
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for  mi:=0  to  M- 1  do 
begin 

grandsum=0 ; 

for  i:=0  to  L- 1  do 
begin 

sa( i ) :=cs( i*M+mi ) ; 
grandsum: =grandsum+sa ( i ) ; 
end; 

f 1xgsum:=f 1*grandsum; 

for  i:=0  to  L- 1  do  cs ( i*M+mi ) =CORR( sa , i , f 1 xgsum) ; 
end; 

The  above  code  segment  is  intended  to  illustrate  how 
the  data  interleaving  is  handled.  The  reason  for  forming 
the  correlations  with  the  data  values  first  being  copied 
into  the  scratch  array  is  that  this  simplifies  the 
addressing  calculations  in  the  DM1200  when  the  equivalent 
operations  are  programmed  in  assembly  language.  The  grand 
sum  value  is  used  in  forming  all  of  the  correlation  values 
and  only  needs  to  be  calculated  once  for  each  interleave 
position.  The  variables  grandsum,  f^,  and  flxgsum  are 
complex  valued. 

The  desired  correlation  can  be  performed  in  a  great 
number  of  different  ways.  The  equation  describing  one 
possible  implementation  is 


L-  1 

cv(i)  =  f  1  *grandsum+T)  sa  (  k  +  i  )  (c*s  (  k )  +d* )  (7.28) 

k="0 

where  cv(i)  is  the  i-th  correlation  value  and  c  s(k)+d  is 
the  local  reference  sequence  representation  as  described  in 
Chapter  4.  All  indices  are  computed  modulo  L.  In  order  to 
make  the  processing  as  fast  as  possible,  the  local  reference 
is  chosen  to  use  values  c  =  -1/2,  d  =  1/2.  The  resulting 

values  of  c*s(i)+d*  are  then  0  and  1  corresponding  to  binary 
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zeros  and  ones  in  the  underlying  sequence.  Since 
f  .j *grandsum  was  precomputed,  each  value  of  cv(i)  is  formed 
using  only  (L+3)/2  complex  additions.  Because  there  are  no 
"slow”  arithmetic  operations  involved,  the  amount  of  time 
required  for  address  computation  and  for  moving  data  values 
and  partial  sums  about  often  dominates  the  computation  time. 

One  way  to  speed  up  the  address  computation  is  to 
precompute  a  list  of  the  (L+1)/2  k  values  corresponding  to 

c*s(k)+d*  =  1  and  to  use  these  values  in  generating  the 
indices  of  the  sa  values  to  be  included  in  cv(i).  In  those 
situations  where  there  is  insufficient  memory  to  contain 
such  a  table,  the  sequence  bits  are  easily  generated  as 
needed.  Depending  on  the  hardware  resources  available, 
generating  the  sequence  bits  usually  results  in  a  small  to 
moderate  increase  in  processing  time. 

Assuming  an  array  sequence  named  seq  which  is 
initialized  with  the  index  values  corresponding  to  ones  in 
the  base  sequence,  the  computational  portion  of  the 
correlation  procedure  can  be  written  as 

cv ( i ) :  =  f 1 xgsum; 

for  k:=0  to  (L-1)/2  do 
begin 

index=i+seq(k) ; 

if  index>=L  then  index:=index-L; 

cv ( i ) =cv ( i ) +sa ( index ) ; 
end; 

Using  the  mod  function  this  can  be  compacted  to 
cv( i ) ;=f Ixgsum; 

for  k:=0  to  (L-1)/2  do  cv ( i ) : =cv ( i ) +sa (mod ( seq ( k ) +i , L) ) ; 

Which  form  to  use  depends  on  the  execution  time  of  the 
mod  function. 
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7 . 4  Signal-to-Noise  Ratio  Relations 

Let  rc ( i )  and  nc ( i )  be  the  signal  and  noise  components 
in  the  i-th  circulating  sum  bin.  The  expected  value  of  the 
total  energy  in  the  circulating  sum  is 

ML- 1 

E{Sp}  =  E{^)  |rc(i)+nc(i)  |2}  (7.29) 

1T0 

ML- 1 

=  J  | rc ( i ) |2+MLVc  (7.30) 

1^0 

where  as  in  section  7.2 

Vc  =  E { | nc ( i > |2}  (7.31) 

Sp  is  an  estimate  of  the  total  signal-plus-noise  energy 
in  the  circulating  summed  reception.  Define  N  as  being  ML 

hr 

times  the  value  of  V  which  is  estimated  using  one  of  the 

c 

methods  described  in  Section  7.2.  The  signal-to-noise  ratio 
in  the  circulating  sum  is  then  estimated  by 


(-) 

N  cs 


.  f]2-1 

NP 


(7.32) 


Often  the  -1  is  dropped  and  the  signal-plus-noise-to- 
noise  ratio  is  accepted  as  a  good  approximation  to  the 
signal-to-noise  ratio. 

The  energy  in  the  carrier  line  can  be  estimated  using 
the  magnitude  squared  of  the  sum  of  the  circulating  sum 
values.  The  result  is  equivalent  to  evaluating  the  NML  DFT 
of  the  demodulated  samples  for  k  =  0.  The  expected  value  of 
this  sum  is 
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ML-  1 

E{Cp}  =  E{|7~  rc(i)+nc(i)  I2}  (7.33) 

1T0 

ML-  1 

=  ij-  rc(i)|2+MLVc  (7.34) 

1TO 

the 
by 


With  N  equal  to  ML  times  the  estimated  value  of  V  , 
p  c 

signal-to-noi se  ratio  of  the  carrier  line  is  estimated 


C  C 

(-)  =  —2-1 
'N'car  Np 


(7.35) 


The  -1  is  usually  dropped  and  the  signal-plus-noise-to- 
noise  ratio  is  accepted  as  a  good  approximation  to  the 
signal-to-noise  ratio. 

Assume  a  CPM  transmission  using  modulation  angle  9. 
Using  Eq.  4.122,  the  variance  of  the  noise  in  a  correlation 
value  for  this  case  is 


V 


nc 


V  cc  (L+1) 

— - = - {L-1+- 


L+1 


tan2© 


+  1 


(7.36) 


The  term  in  braces  varies  from  L-1  to  L  as  ©  goes  from 
0  to  the  angle  that  maximizes  the  signal-to-noise  ratio, 
—  1  1  /2 

tan  (L  '  ) .  For  angles  in  this  range  and  values  of  L  equal 

to  or  greater  than  63,  the  following  expression  is  a  very 
good  approximation  to  Vnc . 


V 


nc 


V  cc*L 
c 


M 


(7.37) 


Let  Pp  represent 
value.  Given  Np,  the 


the  magnitude  squared  of  a  correlation 
estimated  signal-to-noise  ratio  for 
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this  value  is 


(§) 

Vpk 


MP 


cc  N 


(7.38) 


Again,  the  -1  is  usually  dropped  and  the  signal-plus- 
noise  ratio  is  accepted  as  a  good  approximation  to  the 
signal-to-noise  ratio. 

For  c  =-1/2,  M  =  4,  the  estimated  signal-to-noise  ratio 
is  then 


( - ) 

Vpk 


N 


(7.39) 


Generally,  as  part  of  the  on-line  processing,  values  of 

S  ,  N  ,  P  ,  and  C  are  computed  and  printed  out  in  dB  on 
P  P  P  P 

computer's  log.  The  peak  correlation  value  is  used  to 

M 

compute  P  .  If  10  login( — -)  is  added  to  the  computed  P  dB 
P  1U  cc  p 

value  prior  to  printing,  the  peak  signal-to-noise  ratio  in 

dB  can  be  obtained  directly  by  differencing  the  printed  P 

IT 

and  N  values.  The  same  is  true  for  the  signal  and  carrier 
P 

signal-to-noise  ratio  except  that  no  adjustments  are 
required . 


7 . 5  Guarding  Against  Overflow 


The  magnitudes  of  the  values  generated  in  the  course  of 
forming  the  signal  enhancing  circular  sum  and  in  the  removal 
of  the  time  spreading  generally  exceed  the  word  size  of  12 
and  16  bit  computers.  The  most  direct  solution  to  this 
problem  is  the  use  of  multiple  precision  arithmetic.  In 
order  to  keep  memory  requirements  and  processing  overhead 
small,  one  hopes  to  be  able  to  use  no  greater  than  double 
precision  for  most  calculations.  If  the  scaling  of 
intermediate  values  is  required,  the  scaling  must  be  done  in 
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such  a  way  as  to  avoid  adding  a  bias  to  the  scaled  values. 
See  Section  3.4.5  for  a  discussion. 

Write  the  signal  component  of  a  demodulate 
corresponding  to  a  binary  one  in  the  time  spreading  sequence 
as 

K(cos©+ jsin©)  (7.40) 

and  the  corresponding  signal  component  corresponding  to  a 
binary  zero  as 


K(cos©- jsin©) 


(7.41 ) 


K  is  complex  valued. 

The  maximum  signal  component  value  in  the  circulating 
sum  i  s 


NK(cos©+jsin©)  (7.42) 

which  has  magnitude. 

N  |  K  |  (7.43) 

The  value  of  the  grand  sum  used  in  the  time  spread 
removing  correlation  is 

NK(Lcos©+ jsin©)  (7.44) 

This  can  be  written  as 


LNKcos©(  i+j£^£§)  (7.45) 

For  L>63  and  ©  ranging  from  0  radius  to  tan  "*(L1/^), 
ignoring  the  imaginary  part  of  the  above  expression  results 
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in  less  than  a  1%  error  in  its  magnitude.  The  approximate 
grand  sum  magnitude  is  then 

LN | K | COS0  (7.46) 

The  maximum  correlation  sum  value  prior  to  using  the 
weighted  grand  sum  value  to  correct  the  mean  value  is 

(^)NK(cos©+jsin©)  (7.47) 


whose  magnitude  is 


(^)N|K| 


(7.48) 


From  Section  4.4.3,  the  value  of  f1  is  used  to  make  the 
bias  correction,  assuming  a  CPM  based  transmission  and  local 
representation  parameters  c  =  -1/2,  d  =  1/2,  is 


tan© 

(L+1 ) (L-tan©)  =  _  (L+1 ) ( 1-j  L  } 
2 ( L2+tan2© )  2L  1  tan2© 

L2 


1 

2 


(7.49) 


(7.50) 


The  value  of  the  correlation  peak  after  making  the  bias 
correction  is  then  approximately 


j  (^^-)NKsin© 


(7.51 ) 


which  has  magnitude 

(L±1)N|K|  1  sin© I  (7.52) 

For  ©  =  75°  (the  angle  used  in  the  Tomography 
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transmission),  cos©  -  0.26,  sin©  =  0.97.  The  largest 
magnitude  encountered  in  going  from  the  circulating  sum  to 
the  multipath  arrival  structure  is  thus 


(^jl)N|K|  (7.53) 

Assuming  a  12  bit  word  size,  the  largest  positive 

23  g 

double  precision  value  is  2  -1  -  8.4  X  10  .  If  no  scaling 
is  performed,  the  largest  magnitude  that  the  signal 
component  can  safely  take  on  is 


K 


8.4x10 

(^)N 


(7.54) 


The  Tomography  parameter  values  were  L  =  127  and  N  =  22 
yielding  the  restriction 


| K |  <  5958 


(7.55) 


In  order  to  avoid  overflow  in  the  calculation  of  the 
multipath  structure,  the  signal  component  in  the  demodulate 
values  is  restricted  to  being  less  than  about  13  bits  in 
magnitude.  Otherwise  the  circulating  sum  buffer  values  must 
be  scaled  with  the  appropriate  corrections  being  added  to 
the  computed  dB  levels. 

Overflow  can  also  occur  during  the  signal  energy  and 
the  carrier  energy  calculations.  First  consider  the  signal 
power  computation. 

The  signal  power  is  estimated  using  the  sum  of  the 
squares  of  the  ML  circulating  sum  bins.  The  resulting 
magnitude  squared  is 


MLN2 | K | 2 


(7.56) 
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Since  the  circulating  sum  values  are  double  precision, 
the  accumulation  of  the  squared  values  should  be  performed 
using  a  four  precision  accumulator.  Doing  this  places  the 
restriction  on  |K| 


IK 


1  1.8x10' 


N  (ML) 


TJl 


(7.57) 


For  N  =  22,  L  =  127,  M  =  4 


K I  <  23924 


(7.58) 


Thus,  for  this  set  of  parameter  values,  the  multipath 
computation  is  more  restrictive  on  the  maximum  allowed 
signal  component  value  than  is  the  S  power  calculation. 

The  Sp  measurement  can  be  used  as  an  aid  in  setting  the 
demodulator  gain.  A  value  of  |K|  =  5958  corresponds  to  an 
5^  value  of  129.4  dB.  If  the  input  gain  is  adjusted  so  that 
Sp  reads  below  this  value,  there  will  not  be  any  overflow 
problems  in  the  multipath  computation.  If  there  are  several 
arrivals,  then  the  total  signal  energy  splits  between  them 
and  this  limit  becomes  somewhat  conservative. 

The  last  calculation  in  which  overflow  is  a  concern  is 
the  one  for  the  carrier  energy.  The  carrier  line  amplitude 
is  estimated  by  summing  the  contents  of  the  ML  bins  in  the 
circulating  sum.  The  resulting  complex  value  is 


MNK(Lcos0+ jsinQ) 


(7.59) 


whose  magnitude  is  approximately 


MLN I K I  cos© 


(7.60) 


which  for  0  =  75°  is  approximately 
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MLNiKi  (7.61) 

If  a  double  precision  accumulator  is  used,  the  maximum 
allowable  value  of  |K|  is 


K 


33.6x10’ 

MLN 


(7.62) 


which  for  the  Tomography  parameter  values  gives 


| K |  <  3006  (7.63) 

This  is  more  restrictive  than  the  multipath 
computation.  Rather  than  further  restrict  the  input 
magnitude,  the  carrier  line  calculation  should  be  made  using 
triple  precision. 

7 . 6  Program  Testing 

Before  a  program  is  used  to  acquire  and  process  data  in 
an  experiment,  it  must  be  tested  to  verify  that  it  is 
working  correctly  and  that  there  is  a  reasonable  expectation 
that  it  is  producing  valid  results.  In  order  to  verify  the 
proper  operation  of  programs  used  to  acquire  and  process 
multipath  data,  three  test  signals  are  usually  used.  These 
are:  1)  A  noise-free  sequence  modulated  carrier  which  is 
phase  locked  to  the  A/D  conversion  clock;  2)  A  noise-free 
unmodulated  carrier;  and  3)  A  wideband  random  noise  source. 

The  beamformer  is  configured  to  produce  "beams"  formed 
using  a  single  input  channel.  The  test  signals  are 
individually  applied  to  this  channel.  The  resulting  beam 
output  is  demodulated  and  processed.  Using  the  RMS  level 
measurement  made  by  the  beamformer 's  monitor/control 
processor,  the  parameter  values  to  be  computed  by  the 
processing  program  can  be  predicted  and  compared  against 
those  values  actually  produced.  If  the  values  don't  agree, 
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either  the  predictions  or  the  processing  program,  or  both, 
have  to  be  corrected. 

Usually  the  sequence  modulated  waveform  and  the  noise 
waveform  are  adequate  for  test  purposes.  The  unmodulated 
carrier  is  sometimes  useful  in  tracking  down  problems 
already  known  to  exist. 

Consider  the  use  of  the  sequence  modulated  carrier. 
The  beamformer  processor  is  used  to  compute  the  RMS  level  at 
the  demodulator  input  in  terms  of  A/D  converter  quanta.  Let 
Kb  be  the  RMS  value  measured  by  the  beamformer.  The  input 
to  the  demodulator  then  consists  of  samples  of 


2  1  /2Kbcos  (  2 it f^t+0  ( t )  +/) 


(7.64) 


where  f^  is  the  carrier  frequency,  0(t)  the  time  spread 
modulation  and  a  fixed  phase  offset. 

The  positive  frequency  component  in  the  spectrum  is 


2  2Kbexp{  +  j  ( 2?rf  ^t+0  ( t ) +b)  1 


(7.65) 


The  negative  frequency  component  is  severely  attenuated  by 
the  complex  demodulator  and  can  safely  be  ignored  here. 

The  beamformer  produces  samples  of  the  above  waveform 
at  a  5  kHz  rate.  The  demodulator  multiplies  these  samples 
by  samples  of 


(7.66) 


also  taken  at  a  5  kHz  rate.  A  total  of  products  are 
summed  to  form  a  demodulate.  The  resulting  value  is 
approximately 


2  1/2KbNdexp{]  (0i+jzO  } 


(7.67) 
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The  values  depend  on  the  modulating  sequence. 
Having  ©•  change  state  during  the  formation  of  a  demodulate 
has  little  effect  on  the  computed  power  values. 

If  the  demodulator  is  set  to  scale  by  B  bits,  the 
resulting  demodulate  values  passed  to  the  processing  program 
are 


K  =  2  (B+1/2)KbNdexp{ j (©i+^) }  (7.68) 

Using  this  value,  predictions  of  the  magnitudes  of  the 

S  ,  P,  and  C  values  can  be  made  using  the  approximations 
p  k  p 

developed  in  the  previous  section  for  use  in  checking  for 
the  possibility  of  overflow. 

Sp  *  10  log10(MLN2 | K | 2)  (7.69) 

Pk  *  20  log  .j  0  ( (^sp-)N  |  Ksin©  |  )  +  1  0  log  1  Q  (M/(cc* )  )  (7.70) 

Cp  *  20  log 1 0 (MLN | Kcos© | )  (7.71) 

The  expression  for  P^  assumes  that  the  dB  value  printed 
by  the  program  has  been  adjusted  to  allow  determining  the 
peak  signal-to-noi se  ratio  by  subtracting  the  N  dB  value 

XT 

from  the  P^  dB  value. 

In  addition  to  the  above  parameter  values,  the  computed 
multipath  structure  should  be  displayed  and  examined  for 
anomalies . 

The  expected  results  for  an  unmodulated  carrier  are 
K  =  2"(B+1//2)KbNdexp{  jjrf}  (7.72) 

Sp  -  10  log 1 0 (MLN2 | K | 2 )  (7.73) 


Pk  -  20  log  .j  q  (N  |  Ktan©  | /2  )  + 1  0  log^  q  (M/(cc*  )  ) 


(7.74) 


286 


C  -  20  log 1 0 (MLN | K | ) 


(7.75) 


The  value  of  is  assumed  to  have  been  corrected  to 
allow  for  direct  reading  of  the  peak  signal-to-noise  ratio. 

Finally,  consider  the  use  of  a  broadband  noise  source 
for  program  testing.  This  test  waveform  is  intended  to 
verify  the  noise  level  computation.  The  mean  square  value 
(variance)  measured  by  the  beamformer  monitor  computer  at 

the  beamformer  output  is  Kb  .  The  beamformer  input  filter 
is  low-pass  with  a  bandwidth  of  about  550  Hz.  The  double 
sided  noise  power  spectral  level  is  approximately 

2 


K. 


1  100 


(7.76) 


Demodulates  are  formed  using  beamformer  values  which 
arrive  at  a  5  KHz  rate.  The  demodulate  values  are  scaled  by 
B  bits.  The  noise  bandwidth  of  the  demodulator  is 

_  Q 

approximately  5000/N^  Hz  and  the  gain  is  2  N^.  The 

variance  of  the  demodulates  is  then  approximately 

K  2 

,b  >  ,  5000  \  ,  o-Bv,  ^  2  i  n  n  n  \ 

(TToo)(^rr)(2  Nd}  (7,77) 

d 

The  variance  of  the  noise  in  the  circulating  sum  bins 
is  N  times  this  value 


N50Kb22  2BNd 


V 

C 

1 1 

\  t  0  i  / 

The  expected  values  of 

the  processing 

parameters  are 

Sp  -  10 

lo<,10(MLVc> 

(7.79) 

Np  -  10 

log10(MLVc) 

(7.80) 

then 
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Cp  -  10  log10(MLVc)  (7.81) 

The  carrier  energy  estimate  is  Chi-square  with  two 
degrees  of  freedom.  The  value  of  Cp  can  be  expected  to  vary 
significantly  compared  to  the  values  of  S  and  N  . 


CHAPTER  8 


SUMMARY 


Because  of  the  manner  in  which  the  speed  of  sound  in 
the  ocean  varies  with  temperature  and  pressure  there  exist  a 
number  of  paths  over  which  sound  can  travel  between  a  source 
and  receiver.  Using  a  pulse  like  signal,  these  paths  can  be 
resolved  and  identified  using  the  time  required  for  the 
signal  to  travel  between  the  source  and  receiver. 
Conversely,  given  a  set  of  measured  travel  times,  it  is 
possible  to  make  statements  about  the  sound  speed  structure 
of  the  portion  of  the  ocean  lying  between  the  source  and 
receiver.  The  Ocean  Acoustic  Tomography  Demonstration 
Experiment  of  1981  demonstrated  the  feasibility  of  using 
travel  time  measurements  as  a  method  of  monitoring  the 
thermal  structure  of  a  section  of  the  ocean. 

The  range  at  which  travel  time  measurements  can 
reliably  be  made  is  limited  by  the  background  noise  level  in 
the  ocean  and  by  path  stability.  This  range  can  be  extended 
by  the  use  of  a  directional  receiver  and  by  placing  more 
energy  in  the  pulse  waveform. 

If  multiple  hydrophones  are  available  at  the  receiver, 
a  method  of  spatial  filtering  termed  beam  forming  can  be 
used  to  enhance  the  reception.  Assuming  a  plane  wave 
reception,  the  individual  hydrophone  outputs  are  identical 
except  for  delay  time.  By  properly  delaying  the  individual 
outputs,  the  reception  from  the  signal  arrival  direction  can 
be  enhanced  at  the  expense  of  the  reception  of  unwanted 
energy  from  other  directions.  In  a  properly  designed  system 
the  expected  gain  in  signal-to-noise  ratio  is  on  the  order 
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of  the  number  of  hydrophone  ouputs  used  in  the  beam  forming 
process . 

The  source  transducers  used  to  generate  the  multipath 
probe  transmissions  are  always  limited  in  the  amount  of  peak 
power  that  they  can  put  into  the  water.  Using  a  linear 
maximal  sequence  to  phase  modulate  a  carrier  the  energy 
contained  in  one  period  of  the  transmitted  waveform  can  be 
increased  by  a  factor  equal  to  the  sequence  length,  L. 
Properly  processed,  the  time  resolution  remains  that  of  a 
single  pulse. 

This  dissertation  describes  the  design  of  a  time  delay 
beamformer  and  the  associated  demodulator/processor  system. 
This  equipment  is  intended  for  use  in  acquiring  and 
processing  ocean  acoustic  multipath  data.  This  equipment  is 
unique  in  its  modular  organization  and  its  method  of 

demodulation.  Emphasis  is  placed  on  the  development  of  the 
theory  upon  which  the  design  decisions  were  based.  Also 
included  is  a  description  of  the  use  of  binary  linear 
maximal  sequences  to  time  spread  the  transmitted  energy 
while  retaining  the  time  resolution  of  a  short  pulse. 
Several  methods  of  processing  the  resulting  reception  are 
presented  and  are  shown  to  be  equivalent. 

Section  8.1  reviews  the  relation  of  the  theory 
developed  in  this  dissertation  to  the  beamf ormer/demodulator 
design.  Section  8.2  describes  the  form  in  which  the 

equipment  was  implemented.  Section  8.3  summarizes  the  basic 
ideas  behind  the  use  of  linear  maximal  sequences  to  time 
spread  the  transmitted  signal  energy,  and  the  manner  in 

which  the  time  spreading  is  removed.  Section  8.4  describes 
possibilities  for  future  work. 

The  author's  primary  contributions  in  this  work  are: 

•  Modeling  of  the  effects  of  beamformer  delay  time 
quantization  errors  as  a  worst  case  filter  transfer 
function . 
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•  Comparison  of  beamformer  performance  predictions 
resulting  from  the  use  of  the  spherically  isotropic 
noise  and  horizontally  uniform  noise  models. 

•  Recognition  that  resampling  a  previously  sampled 
waveform  by  taking  the  most  recent  sample  is  equivalent 
to  resampling  a  waveform  reconstructed  using  a  zero- 
order  hold.  The  replicated  spectrum  caused  by  the 
initial  sampling  is  multiplied  by  a  sin(x)/x  form 
weighting  prior  to  the  spectral  replication  caused  by 
the  new  sample  rate.  This  weighting  can  be  used  to 
minimize  the  effects  of  the  orginal  replications  in  the 
spectrum  of  the  resampled  waveform. 

•  Determining  the  locations  and  magnitudes  of  the  lines 
in  the  spectrum  of  the  resampled  waveform  due  to  a 
single  line  in  the  spectrum  of  the  original  unsampled 
waveform. 

•  Application  of  a  frequency  synthesis  technique  to 
synthesize  sample  values  of  exp{- j2irf^t}  for  use  in  a 
digital  complex  demodulator. 

•  Analysis  of  the  effects  of  amplitude  and  time 
quantization  errors  in  the  frequency  synthesis  approach 
to  complex  demodulation. 

•  Design  and  implementation  of  the  beamformer  and  signal 
processor  hardware. 

•  Analysis  and  comparison  of  various  methods  of  bias 

correction  that  might  be  used  when  processing 

receptions  based  on  the  use  of  linear  maximal 

sequences . 

•  The  method  of  augmenting  a  linear  maximal  sequence  by 
the  addition  of  an  extra  zero  digit. 

•  The  introduction  of  the  non-flatness  loss  factor  to 
evaluate  sequences  possessing  non-white  spectra  for  use 
in  generating  time  spread  (pulse  compression) 
waveforms . 
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8 . 1  The  Beamf ormer  and  Demodulator 

The  basic  operations  involved  in  beam  forming  and 
demodulation  are  straight  forward.  The  individual 
hydrophone  outputs  are  delayed  and  summed  in  order  to  form 
the  desired  beam  output.  The  beam  output  is  then  multiplied 
by  exp{- j 2 rr f ^t }  and  low-pass  filtered  in  order  to  form  the 
demodulated  reception. 

The  required  delays  can  range  from  a  fraction  of  a 
milli-second  to  times  of  the  order  of  a  tenth  of  a  second  or 
greater.  These  delays  are  very  difficult  to  obtain  using 
analog  techniques.  This  leads  one  to  consider  digital 
methods . 

In  a  digital  system,  the  hydrophone  outputs  are  sampled 
and  the  sample  values  are  written  into  a  delay  memory. 
Immediately  after  a  set  of  sample  values  has  been  written 
into  memory,  a  beam  output  value  is  formed  by  reading  out  of 
memory  the  sample  values  with  the  required  delays  and 
summing.  The  resulting  beam  values  are  multiplied  by  sample 
values  of  exp{  -  j  2  tt  f  ^t }  and  low-pass  filtered.  The  errors 
associated  with  this  approach  are  due  to  time  and  amplitude 
quantization  of  the  hydrophone  outputs  and  to  quantization 
of  the  complex  exponential  values. 

If  the  input  waveform  sweeps  over  several  A/D  converter 
bits,  the  amplitude  quantization  noise  can  be  treated  as 
being  spectrally  white  and  independent  of  the  signal. 
Typically  an  A/D  converter  of  ten  or  more  bits  is  used  to 
digitize  the  hydrophone  outputs.  The  input  signal  levels 
are  set  up  so  that  the  background  noise  level  has  a  standard 
deviation  corresponding  to  four  or  more  A/D  converter  bits. 
In  this  case,  the  effects  of  amplitude  quantization  can  be 
safely  neglected.  If  the  received  waveform  is  so  noise  free 
that  setting  the  gain  in  this  manner  causes  the  maximum 
signal  excursion  to  exceed  the  A/D  converter  range,  then  the 
gain  must  be  reduced  and  the  quantization  noise  treated  as 
being  the  dominant  noise  source.  It  is  the  author's 
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experience  that  such  noise  free  signals  are  only  encountered 
in  the  laboratory.  Indeed,  if  such  noise  free  waveforms 
were  to  be  encountered  when  making  an  actual  propagation 
measurement  it  would  be  an  indication  that  the  measurement 
program  was  badly  designed. 

The  sample  rate  used  in  digitizing  the  hydrophone 
outputs  must  be  sufficiently  high  to  allow  proper  beam 
formation  and  to  avoid  undesired  aliasing  effects. 

In  Chapter  5  it  is  shown  that  the  effects  of  errors 
made  in  the  delay  values  used  to  form  a  beam  can  be  viewed 
as  being  the  same  as  if  the  ideal  beam  output  had  been  low- 
pass  filtered.  A  worst  case  transfer  function  can  be 
hypothesized  and  used  to  establish  the  minimum  allowed  input 
sampling  rate  based  on  the  maximum  attenuation  level 
permitted  over  some  frequency  range.  Requiring  no  more  than 
a  1  dB  fall  off  over  a  700  Hz  band  requires  a  minimum  sample 
rate  of  about  4.7  KHz.  This  sample  rate  is  almost  seven 
times  the  specified  bandwidth  and  is  sufficiently  high  to 
avoid  problems  due  to  aliasing.  Hardware  design 
considerations  resulted  in  a  sample  rate  of  5  KHz  being 
used . 

The  carrier  frequency  of  the  transmitted  waveform  is 
chosen  based  on  the  center  frequency  of  the  source 
transducer  transfer  function.  The  duration  of  the  digits 
used  in  forming  the  periodic  time  spread  waveform  is 
normally  selected  to  correspond  to  an  integer  number  of 
carrier  cycles.  An  integer  number  of  demodulated  sample 
values  per  digit  is  required  in  order  to  properly  remove  the 
effects  of  the  time  spreading  sequence.  Because  of  this,  it 
is  necessary  to  convert  the  sample  rate  at  some  point  in  the 
demodulator  from  a  rate  based  on  that  used  by  the  beamformer 
to  a  rate  related  to  the  carrier  frequency  of  the 
measurement  signal.  Generally,  it  is  not  possible  to 
specify  the  value  of  the  carrier  frequency  in  order  to 
simplify  the  demodulator  structure  and  eliminate  the  need 
for  sample  rate  conversion. 
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In  Chapter  3  it  is  shown  that  if  the  multiplication  by 
the  sample  values  of  exp{- j 2tt f ^t }  and  the  filtering  of  the 
result  precedes  the  sample  rate  change,  then  the  sin(x)/x 
form  weighting  associated  with  the  resampling  effectively 
attenuates  the  replications  of  the  input  spectrum  located  at 
multiples  of  the  beamformer  sample  rate.  In  order  to 
exploit  this  behavior,  the  demodulator  is  designed  to 
operate  at  a  rate  of  5  KHz  and  the  filter  following  the 
multiplier  is  designed  to  accommodate  the  sample  rate  change 
at  its  output. 

The  demodulator  had  to  be  able  to  operate  at  any  of  a 
large  number  of  carrier  frequencies.  It  was  decided  that  it 
should  be  possible  to  select  the  demodulation  frequency  in  a 
range  of  from  0  Hz  to  at  least  500  Hz  in  1  milli-Hz  steps. 
After  investigating  several  alternatives,  it  was  decided  to 
use  a  table  look-up  technique  based  on  a  method  used  in 
direct  digital  frequency  synthesizers  in  order  to  generate 
the  required  complex  exponential  samples.  A  read  only 
memory  is  used  to  hold  M  equally  spaced  sample  values  of 
exp{- j 2 tt i /M }  where  i  ranges  from  0  thru  M- 1  .  Values  of 
Mf^/5000  are  added  into  an  accumulator  with  the  sum  being 
formed  modulo  M.  The  integer  portion  of  this  accumulator  is 
used  to  address  the  read  only  memory.  The  complex  value 
contained  in  the  addressed  location  is  then  used  to  multiply 
the  current  beamformer  output  value. 

The  time  and  amplitude  quantization  errors  associated 

with  this  technique  are  deterministic  and  periodic.  Given 

values  of  f,  and  M  the  exact  error  waveform  can  readily  be 
a 

computed  and  its  spectrum  determined.  The  spectrum  of  the 
multiplier  output  is  the  convolution  of  the  spectrum  of  the 
sampled  beamformer  output  with  the  spectrum  of  the  sampled 
ideal  complex  exponential  plus  the  spectrum  of  the  error 
waveform.  In  Chapter  3  expressions  are  developed  giving  the 
maximum  possible  spurious  line  amplitude  in  terms  of  the 
number  of  bits,  B,  used  to  represent  the  digitized  complex 
exponential  values  and  the  number  of  words,  M,  in  the  read 
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only  memory. 

The  purpose  of  the  filter  at  the  multiplier  output  is 
to  attenuate  the  energy  outside  of  a  relatively  small  band 
of  frequencies  that,  prior  to  spectral  shifting,  was 

centered  about  the  demodulation  frequency.  This  filter  has 
to  be  easy  to  reconfigure  for  use  with  different  output  data 
rates  and  has  to  facilitate  the  change  in  going  from  a 

sample  rate  based  on  beamformer  requirements  to  a  sample 

rate  based  on  the  signal  processing  requirements.  The 
filter  implemented  was  the  digital  equivalent  of  the  analog 
"integrate  and  dump"  filter.  The  number  of  5  KHz  samples  in 
the  desired  integration  period  is  computed  and  truncated  to 
an  integer  value.  Starting  at  a  zero  crossing  of  the 

imaginary  part  of  the  synthesized  complex  exponential,  this 
number  of  multiplier  output  values  are  summed.  Once  the  sum 
has  been  formed  the  resulting  value  is  transferred  to  the 
processing  computer.  The  filter  then  waits  for  the  next 
zero  crossing  in  order  to  start  the  formation  of  the  next 
demodulate  value. 

The  filter  also  has  the  effect  of  heavily  attenuating 
the  spectral  component  originally  centered  about  -f^  in  the 
input  waveform. 

A  discussion  of  the  proper  method  to  be  used  in  scaling 
demodulate  values  is  also  contained  in  Chapter  3.  Such 
scaling  is  often  necessary  in  order  to  guard  against 
possible  arithmetic  overflow  in  later  processing  steps. 

8 . 2  Hardware  Design 

The  hardware  is  organized  into  the  following  units: 

Isolation  amplifiers 

A/D  converter  and  delay  electronics 

Beamformer  and  support  processor 

Demodulator 
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Processor 
Recording  devices 

Each  hydrophone  input  is  buffered  using  a  commercially 
available  isolation  amplifier.  This  amplifier  is  used  to 
interrupt  ground  loops  between  the  hydrophone  electronics 
and  the  beamformer  electronics  as  well  as  between  individual 
input  signal  sources.  These  amplifiers  also  protect  the 
hydrophone  electronics  from  the  effects  of  any  catastrophic 
failures  in  the  beamformer. 

A  major  design  concern  was  the  organization  of  the  A/D 
conversion  and  delay  memory  electronics.  Typically,  a 
multi-channel  system  such  as  this  would  use  a  track  and  hold 
circuit  on  each  input  channel  in  order  to  acquire 
simultaneous  samples.  A  single  A/D  converter  with  a 
multiplexer  at  its  input  would  then  digitize  from  8  to  16 
channels.  The  resulting  values  would  then  be  written  into  a 
delay  memory.  This  approach  requires  complicated  timing  and 
control  electronics.  It  is  also  difficult  to  add  and  drop 
channels  as  needed.  The  availability  of  a  relatively  low 
cost  12-bit  A/D  converter  allowed  the  implementation  of  a 
more  modular  structure. 

The  electronics  for  a  single  input  channel  are 
contained  on  a  single  card.  This  includes  the  input  low- 
pass  filtering,  computer  controlled  gain,  track  and  hold, 
A/D  converter  and  the  delay  memory.  These  cards  are  mounted 
in  a  card  bay  which  is  wired  to  implement  a  timing  control 
and  data  bus.  Each  card  position  is  associated  with  an 
isolation  amplifier  output. 

The  A/D-delay  bus  is  generated  and  controlled  by  a 
logic  panel  contained  in  a  logic  bay  mounted  below  the  one 
holding  the  A/D-delay  boards.  This  bay  also  contains  the 
beamformer  electronics  and  a  microcomputer.  The  control 
board  generates  all  of  the  control  signals  needed  to  cause  a 
set  of  samples  to  be  acquired,  A/D  converted,  and  written 
into  the  delay  memories.  The  required  command  signals  are 
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broadcast  to  all  A/D-delay  cards  which  perform  these 
operations  in  unison.  The  delay  memories  are  organized  as 
circular  buffers  of  2048  12-bit  words.  Samples  are  written 
into  sequential  addresses  formed  modulo  2048.  The  control 
board  has  a  register  which  is  used  to  keep  track  of  the 
address  containing  the  most  recent  sample.  Timing  is 
derived  from  a  5  MHz  clock  provided  by  a  Rubidium  standard. 

Devices  desiring  access  to  the  contents  of  the  delay 
memories  must  work  thru  the  control  board.  Such  accesses 
are  made  via  an  access  bus  also  generated  by  the  control 
board.  Up  to  eight  devices  can  be  placed  on  this  access 
bus.  At  present  only  the  beamformer  and  the  monitoring 
computer  use  this  bus.  A  device  signals  the  control  board 
that  it  wishes  access  to  the  delay  memory  contents.  If 
there  are  no  other  requests  of  higher  priority,  an  800  ns 
time  slice  is  granted.  The  requesting  device  then  supplies 
an  address  relative  to  the  most  recent  sample,  specifies  the 
A/D-delay  board  to  be  accessed,  and  specifies  the  type  of 
operation  desired.  A  device  can  read  from  or  write  into  any 
given  A/D-delay  card  memory  location.  The  data  value  is 
transfered  between  the  device  and  the  selected  A/D-delay 
memory . 

The  microcomputer  used  to  control  the  operation  of  the 
beamformer  and  monitor  the  operation  of  the  delay 
electronics  is  based  on  the  INTERSIL  IM6100.  This  is  a  12- 
bit  machine  that  is  instruction  set  compatible  with  the 
Digital  Equipment  Corporation  PDP-8/e  minicomputer.  The 
processor  is  mounted  on  a  single  printed  circuit  board  along 
with  a  hardware  bootstrap  and  the  bus  generation 
electronics.  Associated  with  this  processor  are  logic 
boards  containing  read/write  memory,  read  only  memory  and 
terminal  support.  The  beamformer  itself  is  implemented  as  a 
device  controlled  by  the  computer.  The  computer  also  is 
supplied  with  a  special  interface  which  gives  it  access  to 
the  A/D-delay  bus.  This  interface  is  used  to  allow  the 
processor  to  check  out  the  operation  of  the  A/D-delay 
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boards . 

The  computer  control  program  and  the  beam  information 
required  for  a  given  experiment  are  contained  in  a  read  only 
memory.  When  the  computer  is  "booted,"  the  contents  of  the 
read  only  memory  are  transferred  into  normal  computer 
memory.  The  processor  then  initializes  the  beamformer  by 
loading  the  beamformer 's  control  memory  with  a  list  of 
channels,  delays  and  beam  numbers.  Once  initialized,  the 
beamformer  operates  on  its  own  and  interacts  with  both  the 
delay  memories  and  the  demodulator.  The  processor  is  then 
free  for  use  in  monitoring  the  operation  of  the  system. 

The  beamformer  starts  a  new  cycle  each  time  a  new 
sample  value  has  been  acquired  and  written  into  the  delay 
memories.  A  list  of  A/D  channels,  delay  values  and  beam 
numbers  are  read  from  a  memory  contained  in  the  beamformer. 
The  required  sample  values  are  requested  from  the  delay 
memories  and  are  summed  into  the  appropriate  beam 
accumulators.  Up  to  eight  beams  can  be  formed  by  a  single 
beamformer.  When  the  list  has  been  exhausted,  a  flag  is  set 
notifying  the  demodulator  that  a  set  of  beam  outputs  is 
ava i lable . 

The  demodulator  is  located  in  a  separate  logic  bay  and 
is  implemented  as  a  device  contained  in  a  IM6100  based 
computer.  A  demodulator  is  made  up  of  a  control/frequency 
synthesizer  wire-wrap  panel  and  from  one  to  eight 
multiplier/accumulator  cards.  The  processor  loads  the 
desired  demodulation  frequency,  the  number  of  beamformer 
values  to  be  used  per  demodulate  value  and  the  number  of 
bits  that  the  demodulate  values  are  to  be  scaled  by.  A 
direct  digital  frequency  synthesizer  is  used  to  address  a 
read  only  memory  containing  2000  samples  of  one  period  of 
exp{-j2irt}.  The  addressed  complex  value  is  fed  to  the 
individual  multiplier/accumulator  cards.  The  cards  use  the 
complex  exponential  values  to  multiply  the  beamformer  output 
values.  Bit  serial  multipliers  are  used.  The  number  of 
products  needed  to  form  a  set  of  demodulates  is  accumulated. 
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Once  a  set  of  demodulate  values  has  been  formed,  the  values 
are  transferred  into  output  buffers.  The  values  are  scaled 
as  specified  during  this  transfer.  The  processor  has  one 
full  demodulate  time  in  which  to  extract  these  values. 

A  special  fast  arithmetic  device  is  included  in  the 
processor  in  order  to  speed  up  the  processing  of  the 
demodulated  reception.  This  device  is  contained  on  a  single 
wire-wrap  panel.  The  operations  supported  by  this  device 
include  those  most  often  encountered  in  writing  signal 
processing  programs.  In  particular,  the  device  was  designed 
to  support  various  operations  involving  24-bit 
multiplications . 

Processed  results  can  be  written  onto  LINCtape,  9-track 
magnetic  tape  or  1/4  inch  cartridge  tape.  Special  direct 
memory  access  interfaces  were  developed  for  the  LINCtape  and 
9-track  tape  systems.  The  cartridge  tape  system  owned  by 
CEL  operates  via  a  standard  terminal  interface. 

8 . 3  Using  Linear  Maximal  Sequences 

A  pulse  compression  waveform  is  one  which  has  its 
energy  spread  over  some  given  time  interval  but  which  can  be 
processed  to  have  the  time  resolution  of  a  much  shorter 
duration  waveform  containing  the  same,  or  nearly  the  same, 
energy.  Chapter  4  describes  how  a  weighted  set  of  periodic 
carrier  borne  pulses  can  be  used  to  form  such  a  waveform. 

A  basic  periodic  pulse  waveshape  is  assumed.  The 
period  is  divided  into  L  subintervals.  A  shifted  and 
weighted  version  of  the  given  waveshape  is  assigned  to  the 
center  of  each  subinterval.  It  is  shown  that  the  spectrum 
of  the  resulting  waveform  is  the  product  of  the  spectrum  of 
the  pulse  waveshape  and  the  discrete  spectrum  of  the 
weighting  numbers.  If  none  of  the  lines  in  the  discrete 
spectrum  have  zero  magnitude,  it  is  possible  to  remove  the 
effects  of  the  weighting  sequence  by  dividing  the  spectrum 
of  the  time  spread  waveform  by  the  spectrum  of  the  weights. 
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The  resulting  time  waveform  is  a  scaled  version  of  the 
original  pulse  waveform.  Given  a  noisy  reception  based  on 
such  a  waveform,  if  the  weights  have  unit  magnitude  and  the 
associated  spectrum  is  uniform,  then  the  signal-to-noise 
ratio  in  the  pulse  compressed  waveform  is  L  times  that  in  an 
equivalently  noisy  reception  based  on  a  single  pulse.  If 
the  spectrum  of  the  weights  is  non-white,  the  improvement  in 
signal-to-noise  ratio  will  be  less  than  L. 

The  required  processing  can  also  be  performed  in  the 
time  domain  by  correlating  the  reception  with  a  suitably 
chosen  set  of  weights. 

Binary  linear  maximal  sequences  possess  a  two  level 
autocorrelation  function.  The  associated  spectrum  is  flat 
with  the  exception  of  the  dc  line.  These  sequences  can  be 
used  to  select  the  weight  values  used  to  form  a  time  spread 
waveform.  By  suitably  choosing  the  mapping  between  sequence 
values  and  the  weight  values  the  amount  of  energy  contained 
in  the  dc  line  can  be  varied  and,  if  desired,  be  adjusted  to 
equal  that  of  the  surrounding  lines. 

Because  the  number  of  bits  contained  in  one  period  of  a 
linear  maximal  sequence  is  one  less  than  an  integer  power  of 
two,  it  is  awkward  to  process  waveforms  based  on  these 
sequences  in  the  frequency  domain.  One  solution  to  this 
problem  is  to  augment  a  linear  maximal  sequence  by  adding  an 
additional  bit.  Adding  an  additional  zero  bit  results  in  a 
sequence  containing  an  equal  number  of  ones  and  zeros.  The 
cost  is  a  loss  in  potential  signal-to-noise  ratio.  The 
results  of  a  survey  are  presented  in  Chapter  4  which 
identify  the  sequences  that  provide  the  best  performance 
when  so  augmented. 

The  time  domain  processing  of  linear  maximal  sequence 
based  waveforms  can  be  implemented  primarily  using  add 
operations  with  relatively  few  multiplications  being 
required.  One  minor  problem  with  this  method  is  that  a  dc 
bias  is  introduced  in  the  result.  This  bias  can  be  removed 
using  any  one  of  a  number  of  techniques.  The  four  methods 
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of  bias  correction  felt  to  be  the  most  reasonable  to  use  are 
described  and  shown  to  yield  identical  results. 

Chapter  7  deals  with  processing  receptions  based  on  the 
use  of  linear  maximal  sequences  to  time  spread  the 
transmitted  energy.  The  signal-to-noise  ratio  of  the 
processed  result  can  be  enhanced  by  coherently  averaging  the 
receptions  due  to  several  periods  of  the  transmitted  signal. 
Example  program  seqments  are  presented  to  illustrate  the 
ease  with  which  the  time  spreading  effects  of  the  linear 
maximal  sequence  can  be  removed.  Procedures  are  described 
for  use  in  estimating  the  signal-to-noise  ratio  in  the 
processed  reception.  The  use  of  laboratory  generated 
signals  to  verify  proper  program  operation  is  also 
described. 

8 . 4  Future  Work 

The  beamf ormer/demodulator/processor  system  described 
in  this  dissertation  was  designed  and  built  with  the  design 
decisions  being  based  on  the  theory  also  presented  in  this 
dissertation.  The  equipment  has  now  been  used  several  times 
to  acquire  acoustic  propagation  data,  and  it  works  well. 
Future  efforts  should  not  lie  so  much  in  the  direction  of 
attempting  to  refine  the  theory  underlying  the  hardware  but 
rather  in  using  this  hardware  to  make  measurements  that  will 
extend  our  understanding  of  the  propagation  of  acoustic 
signals  in  the  ocean. 

In  the  summer  and  fall  of  1983  this  equipment  will  be 
used  to: 

Process  data  acquired  as  part  of  a  study  on  the 
use  of  linear  maximal  sequence  based  signals  in  a 
coal  mine  disaster  communication  system. 

Monitor  the  installation  and  operation  of  an 
experiment  in  the  Atlantic. 
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Acquire  data  for  use  in  designing  an  acoustic 
telemetry  system  for  sending  data  from  self 
contained  bouys  to  shore  based  receiving  sites. 

Acquire  data  in  the  Pacific  to  determine  the 
feasibility  of  using  the  Hawaii  133  Hz  source  to 
make  Tomographic  measurements  of  the  average  heat 
content  of  the  ocean  lying  between  Hawaii  and  the 
west  coast  of  the  United  States. 

In  terms  of  improving  hardware  capabilities, 
following  changes  and  additions  would  be  useful. 


Replacement  of  the  INTERSIL  IM6100  with  the  Harris 
6120  microcomputer.  This  would  yield  about  a  two 
times  processor  speed-up.  The  two  microcomputers 
are  instruction  set  compatible  but  possess 
different  bus  structures.  It  should  be  possible 
to  convert  the  6120  bus  to  one  compatible  with  the 
existing  hardware. 

Implement  a  device  to  do  the  summations  required 
for  time  spread  removal.  This  would  be  a  direct 
memory  device  and  would  allow  real  time  processing 
of  sequence  based  receptions. 

Implement  an  extended  address  controller  to 
exploit  the  address  space  beyond  the  basic  32  K 
presently  supported.  This  could  possibly  be 
included  on  a  new  processor  card  using  the  Harris 
6120. 

Design  and  build  a  new  memory  card  containing  32  K 
words,  at  the  minimum.  The  use  of  CMOS  memory 
integrated  circuits  would  keep  power  requirements 
reasonable . 

Design  and  build  a  communication  interface  which 
will  support  either  2  or  4  terminals. 

Add  either  floppy  disk  or  hard  disk  storage. 


the 
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